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separated into a [ first region and a second =region.^The 
basic information among' plural ^channels is recorded in- 



is recorded FritfiVsec^^ basic informa- 

tion, digital audio signals^ at least the left'center; right, 
surround left, : sbrrolind "right areJcsub^voofer ! channels : 
are recorded. ' As - the subsidiaryivinfbrmation,^ digital 
audio signals of at least the left center channel; aright 
center channels delayed center channel^ mixed Ueft - 
channel and mixedrright -channel -are "recorded. If the 
information recorded in; one of the 1 regions :is: lost,* it. is . . 
reproduced usihg r the information? of* the other; region 
during subsequent reproduction.cln addition, the digital 
audio signals of six channels (U-LC; G^SW^RC and R) 
among the digital audio signals oithe eight channels (L, . 
LC, C, SW, RC, R, LB and- RB);~ which digital audio sig- - 
nals of the six channels are psychoacoustically more 
crucial than those of the remaining two* channels, are 
compression encoded with a higher audibility conform- 
ing to the human acoustic sense, while the digital audio 
signals of the two channels (LB, RB) are encoded .with a 
higher compression ratio. r ln this manner, compression - 
encoding with higher sound quality may be achieved for 
the crucial sound, while avoiding the wasteful bit alloca- 
tion (wasteful byte allocation quantity).: \* 
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Description 

teq^icalIfieLd 



This invention relates to an information processing - 
method for encoding multi-channel digital audio signals i 
employed in, for example, a stereo sound system for a 
motion picture film projection ' system;^ video -tape- 
recorder or a video disc player, or a so-called multi-sur- 
round acoustic system, and decoding thVericdded data;- 
The invention also relates to an apparatus for 1 carrying 
out the information processing apparatus and a medu.m^ 
having the encoded data arrayfecilHereorv^ ' : ' ' l J ' 1 10 fh " j 

^^.f'il-tii' hQHT.dv.'d **) tuH'v*' 'CH 

BACKGROUND ART 
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There are a variety of techniques for, high -eff icjericy ; . , 
encoding of audio data or speech ^ghals^j^'as ^ 
blocking frequency spectrum dividing system, i|^n ias ^ 
transform coding, or a non-blocking frec^en<^9S|x^um^ 
dividing system, known as sub-band ccrfii^ 
transform coding, digital audio data on the time 3pmain 7 ; 
is divided into time blocks, each of which is transformed 
into data on the frequency : axis by orthogonal transform, , . : 
and the resulting data on the frequency ^is is further, 25 
divided into plural frequency ranges for encoding ^rom^, 
one frequency range to another. In sub-band coding, vf : 
digital audio data on the time axis is^diyided into pjyral , 
frequency ranges for encoding without dividing the time- 
domain digital audio data into time blocks: In a combina- so 



signal on the frequency ; axis- may be diyjded intd a plu- 
rality of critical frequency bands. The widths of ttf e |riti- 
cal bands increase with increasing frequency Normally, 
about 25 critical bands are used to cover the audio fre- 
/quencylspe&ri kHz. In such a quantiz- 

v\ ing system, :L bits ; are;;adaptively allocated among the 
various critical bands. For example, when applying 
adaptive bit allocation to the spectral coeffiejent;data 
resulting from MDCT, the spectral coefficient data gen- 
erated by the MDCT within each of the critical bands is 
quantized using an adaptively allocated number of bits, 
Among known adaptive bit allocation techniques is 
that described in IEEE TRANS ON r A&USTICS, 
SPEECH AND SIGNAL PROCESSING, VOL ASSP- 
25, No. 4 (1977 august) in which bit allocation is carried 
out on the basis of the amplitude of the signal in each 
cHtical band. In the bit allocation technique 
MA Krassner, The Critical Band Encoder^Digitail 
Encoding of the Perpetual [ R^uirempnts .of tfi? Auditory 
System, ICASSP 198b;;tfi|^^hoa^^ 
mechanism is used to p^ermin| a fixed bit ^allocation 
that produces the necessary 'signal-tb-hoise ratio for 

each critical band. ■ ^ouAqosrv'O 'r/v-Xi \ 
In high efficiency compression encoding system.for 
audio signals, employing the above-mentioned sub- 
band coding, a system has already been put to practical 
use which compresses the digital audio signals (audio 
data) to about one-fifth by taking advantage of psycho- 
acoustic characteristics of the human auditory system. 
As the high efficiency encoding system of compressing 
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Won of sub-bahct;coding and^ansform^cq^ 



signals representing the audio signals are divided into a 
plurality of frequency ranges by sub-band coding, and 
transform coding is independently applied to each of the 
frequency ranges. 

Among knwSfilteVs for dividing a |ffeqiiency spec-:- ^ 
trum into a plurality bf frequency ranges is the quadra- 
ture mirror filter (QMF), as discussed j in, j for example,, 
R.E. Crochiere, Digital Coding of Speech in Sub-bands, 
55 BELL SYST TECH. J No.8 (T976). ^e t^hnigue of 
dividing a frequency .spectrum into equal-vvidth fre- 
quency ranges is discussed in Joseph Rothweiler, Poly- 
phase Quadrature Filters^ A New Sub-band iCocling 
Technique, ICASSP 83 BOSTON. 

Among known techniques for orthogonal transform 
is the technique of dividing the digital input audio signal 
into frames of a predetermined time duration, and 
processing the resulting frames using a Fast Fourier 
Transform (FFT), discrete cosine transform (DCT) or„ 
modified DCT (MDCT) to convert the signals from the 
time axis into the frequency axis. Discussion of a MDCT 
may be found in. J.R Princen and A.B. Bradley, Sub- 
band/Transform Coding 'Using 'Filter Bank Based on 
Time Domain Aliasing Cancellation, ICASSP 1987. 

In a technique ^ok quantizing the spectral coeffi- 
cients resulting from an orthogonal transform, it is 
known to use sub bands that take advantage of the psy- 
choacoustic characteristics of the human auditory sys- 
tem. In this, spectral coefficients representing an audio 



called adaptive transform acoustic coding (ATRAC) sys- 
tem. ; 'HU Q-u^) ? •; V-..- z< p^O-O.^"' : ' 

In a stereo ofc multi-surround acoustic system,; such 

35 as a motion picturer film- projection systenr, a high defi- - 
nition teievision,cVideo;tapei recorder or aivkteo.-disc 
player system, as inihe usual audjo equipment, the ten- 
dency is towards handling audio-or speech signalS:Oyer 
plural channels, such: as four to^eight channels; In these 

40 cases, it has ben desired to perform high efficiency cod- 
ing for reducing the bit rate. z> ;■■>' ; i ^ is ; 

In professional application, above all, it is preferred 
to handle multi-channel digital audio signals, such that 
an equipment handling 8-channel digital audio signals is 

45 becoming popular.: An example of such equipment han- 
dling the 8-channel digital audio signals, is a motion pic- 
ture film projection system: On the other hand, with the 
stereo or .multi-surround -acoustic system, such as a 
high-definition television, video tape recorder or a video 

so disc player, the tendency is similarly to handle multi- 
channel, such as 4 to 8 channel, audio or speech sig- 
nals. ' r: slu-hs ^ '/^ "'' --o: - .": - m s 

With the motion picture film projection system, han- 
dling the 8-chahnel digital audio signals,rit iscurrently 

55 practiced to record digital, audio signals on the motion 
picture film over 8 channels, that is a left-, left center-, 
center-, right center-, - right-/ surround left-* surround 
right- and sub-woofer channels/ These eight channels, 
recorded on the motion picture film, are respectively 
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, associated With a left speaker, a left center Speaker, a 
center speaker, a ^ right'center -speaker/'a' righrs|>eakB r f.- 
a &ub-woofer towards a screen bh 

which the picture f e^radu6^ from the pictureftecording 
area of the mbtiriil picture Wm 1 is projectS^by^ia projec- 
tor, and a%uiroW^ 

speaker, arranged on 1 the left' ahd -right sides 1 of the 
spectators' seats!' -u ?.t.v. i -w 

For recdrfcing the; ^^ann6l digital audio signals on 
the motion pictui-^ 

on the motion picture film fbr recbHdling is many as eight 
channels of compressed digital aidia signals :: (audid , 
data) lineaHy' quan¥z*l with 1 6 bits with the ^mplirtg 
frequency df44 } . 1 kHz; such as those for a compact disc ; 

(cd). ^r,'^ 

On the "other hand, -a motion picture film as a 
recording medium is stisdeptible to surface scratches, 
so that it canrfdt be ; practically employed if the digital 
data as sucfi is directly Recorded thereon because of 
severe data drdpout. Thus the role of the error correc- 
tion code become crucial, such that it becomes neces- 
sary to effed'data compressibh^so that not only' the ' 
digital data but the correction code can be recorded in 
the recording tegioh bri the -film; However? since the 
coding for compression results in the human speech or 
the sound from a musical instrument being transmuted 
from the ofigihaf ^ 

measures for improving tHe J sdund J quality for crudal 
sound, sucHt a^-huifian spe^V'if'the coding for com- 
pression is exploited in a rerardingformat for a record- 
ing medium which is' ih^h of 
the original sound, such as -the ^we-mentioned 
motion picture film. ~ : ^ t'^zzr:.-- - -a z- : ^+c:^. 
Of course; -the sound' regeneration more faithful to 
the original §buhdp such as 1 is described above, is 
required not 1 only^for 1 recording* ^speech dataW the ' 
recording ? m^ium; ir sucft -as the^above : mentibhed 
motion picture film, but* also : for recording speech data, 
encoded for : data xoit^ 

media, such as a magnetic di^, iihagneto : optical disc,~ 
an optical disc, a phase-trarisrtioh optical disc or a mag- 
netic tape: This : applies to the "case of recording picture 
data, encoded for compression, : dh the above-men- i 
tioned recording mediaf iC * r^^;^;: : ; ■;<,;;-- ; , -? 

Such faithful 5 regeneratidri of the original speech or •■ 
picture is also desirable when recording digital signals 
of the speeA or picture dri the above-mentioned vari- * 
ous recording "media without encoding for data com- 
pression. " r/ - : v '-^'"^"' .r: «^ ,: ...... ;n;. : 

In view "of the foregoing; it is ah object of the present 
invention to ! provide "a method and apparatus for 
processing the information capable of encoding and 
decoding with high sound or picture quality even if the 
speedi or "picture is hot encoded for compression, and 
a recording medium having the encoded information 
recorded thereon. ~ * : > - ■<- 



; - DISCLOSURE OF THE INVENTION , .-,r - 

1 _ : The present invention is proposed for achieving the 
above objedt^and provides a method for processing the 
' 5 L information 5 including "encoding the first digital iriforma- 
' ; r 1 tion to be arrayed in plural regions proximate to informa- 1 
" J ' lion regions on a :pre-set^mediumj:in;which the second 
• ' : information is arrayed, : and/or decoding *the ; encoded - 
-'first digital information arrayed. in plural regions 
to Iriateto regions on the preset medium in which the sec 7 ; 
! ° r ohd information is- arrayedi. The first digitaljnformation 
' 4 'has the pre-siet ! basic information and the subsidiary v 
information for completingithe basic information.- z i^-r.: 
; ' - The present invention also provides- a method for- 
is ^processing 1 the information for recording the inf or mation , 
of plural channels on a recording medium, in which plu- 
- ral recording regions ofrthe recording medium- are. 
"divided into a first region and a second region, the basic r 
information among /plural channels is recorded^, the; 
20 first region as the first digital information,and.the subsid- , 
v Mary information is recorded in the second region as the 
■ second regions r ^Cr.\ - i : •-, - r .- : . ;:r , ; r . :; . B 
: The first digital information includes the sound inform 
mation, while the second information also includes the;r 
y, 25~~ sound information, -5 ^ ? .- ; ^ $ r.m^ncxc 

* > : ; The basic information is the information of the.frer; : 
quency range lower than that of the subsidiary:informa-i 
' -^:tion and the T subsidiary information^s-ar/equantized; 
■• r sample of the quantization error; ofrthe basic infprma- : 

30 ? tion. - ; ■: '^OOC~ r^3*r~<J ; : ;<\ = 

Thepre-set;medium includes;a motion pictureglm,;; 
" - a disc-shaped ^ recording: mediumcor. a communication; 
network, ■ ;ch. o\- ^ *n j. r --r* i*o h^p.n:: 

^ • ■ Tlie plural regions for the first digital information^are 
35 those betweeheperforations-of the motion jpicturer.film, - 
" between the perforations :on;the'same side of the-film, , 
-'- those between the perforationsrand; ; the;fedgeGOf-the : 
1 motion picture frame and^those between rthe;;perforar :; ; 
^ ^tions of the.Jirotion ^ 

40 ^motion picture^ film and between the perforations. The ;* 
nov basic information and the supplementary infotmatipn ;{: 
: 'are arrayed separately between one and Jhe ottieihrqws . 
^ roi perforations; to j ;.-. r :: -o:!z::\i^s.:r f er:.^ : : .>) ■ 

With the information-processing - method:: oi; the 
'45 ■ ? present information, the multi-channel audio infer mation ( 
" - is arrayed ais the first digital information. 3 f,; ir .,. !£ , r c 
The basic information.among the plural channels is^. 
the audio information for the left, center and rightchan-v 
: nels, while. the. supplementary information is the audio . : 
so information for the left center and.right center channels. 
:The supplementary information; may; include : the infor- 
mation of the:delayed ^center: channel,.. obtained^ on 
d^aying the center channel audio information; the. infer-.. •.- 
mation of the delayed mixed left diannel, obtained on .-. 
55 mixing the/left channel audio information^ left.center 
channel audio information and the surround left channel 
- audio information and delaying the mixed information, - 
and the information of the delayed mix^J right channel, 
obtained on mixing the right channel audio information, : . 
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rigKc center channel audio information and the surround 
right channel audio information and delaying the mixed 
information. The; recqriding ; medium^ employed ; in *the 
recording methods the present invention a film, #9 
first region is a regtoabetween the film perforations and 
the second region isa longitudinal fiirrvregion^ n , ^-'^ 
In the information processing method olthe present' u. 
information>the basic information and the, supplement ,c 
tary information i is : the high:efficieneyv encoded iinforma- l 
tion. In addition, in the information processing method of ; e 
the present information; ^ basic: information and the r 
supplementary- information i arectime-domaini orofrer: . 
quency-domain samples; Variable bit allocation is done -c 
for time-domain or frequency-domain samples of plural - 
channels among different channels and total quantity of 
bit allocation' forthe entire channels of the basic infor- 
mation and the supplementary information is-rendered 
substantially constant; In^addition^ withitheJnformatioajr 
processing method of the present invention, the scale . 
factors for sample data^of the basic s information are: 
found from the scale factors and word lengths for the 
sample data of the basic information. In the information 
processing method of the present invention; a bit alloca- 
tion quantity to one of plural channels to which a bit 
quantity exceeding a pre-set constant reference; quan- 
tity is allocated is resolved into a bit quantity portion of .1 
the basic information which is the bit apportionment not 
including channel bit * allocationcand not exceeding the: 
reference quantity at most, ;; and ia bit: quantity portion h 
corresponding to the difference between bit apportion- 
ment including channel bit allocation as* bit allocation of 
the subsidiary -information and bit cappqrtionmentnot 
including channel bit apportionment of the basic infor- 
mation, and variable bit apportionmentiis done to time- 
domain or 'friefciuencyrdomai^ samples of plurabchan-: 
nels from channel to channel.-Jhe;sample data of bit; 
allocation of the subsidiary information is given as a dif- 
ference between sample date obtainedtfrom bit, appor- 
tionment inclucfing^channehbit allocation and -sample: 
data obtained from bit; apportionment? not: including 
channel bif allocation. v-sin^^Lc^ s:-] bn& notor-: 
In the information processing method of the present 
invention, the same quantization is carried out of sam- f 
pie data in a small-sized block divided* along: time and 
frequency. For producing sample- data in smalteized - 
block divided along time and frequency, a pre-set block- i 
ing frequency'ahalysis consisting^ carrying out ire* 
quency analyses for each of plural blocksconsisting of 
plural samples is carried out during encoding and pre- 
set frequency synthesis consisting in carrying out fre- 
quency synthesis for data 1 processed wrth the blocking 
frequency analyses is carried out during decoding. For 
producing sample data in a'mini-block xiivided along 
time and frequency, a preset non-blockingJrequency 
analysis consisting in carrying out frequency:analyses 
without blocking is performed during encoding and pre- 
set non-blocking frequency synthesis is performed on 
data processed with pre-set nonlocking frequency 
synthesis. The frequency bandwidth of the non-blocking 
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frequency analyses.js selected, to be the same in iv at J0 

least two fewer imcist. ba^ 

increasing fluency ig at|©ast gieji^ 

band. For the-non-bte^ : 

'ptesequadr^^ 

; beempfoy^c^Jblppking f^u^ & 
modified discrete cosine ; transform.;4n t^e bl^ng f re-^ 
quency analyses, the block size is adaptively changed . , 
depending upo&temp^ 
^nals. Such ch^ge)^ 
"ently for eaph$£^^^ 

blocking fr^u^.^^^ ; ^ o^^oz *o 
ri c-r ; in the infori^atipn prqcessing method oUhe^iBsent, 

invention, thesum of bit ^location portions fpr.the basic 
. information and the bit allocation portions for the subsid- 
iary information for re^ertiye .channels, is changed 

> depending on ihe ijiaw^ • ; 
: factor of €^ach 0 channeL >{ The r :Cha 
^apportionment js L changed with time changes jn ampli- ? 
; tude information of ^an energy value, : a peak yalue or a 

; mean valued info^ation : signa(s : -. 
: : > , ;: An apparatus j for ^procesang 
includes encoding means for encoding tiie fjr^ digital : , 
; information to be arrayed in plural; regions prgMrraateto , 

> information rregion§3Qn a ; pre-set medium in yvhich the u 
second informatipnJs arrayedi and/pr f decoding jneans ;; 
.for : dec^ing 0 *e; ^ncgc^ 

arrayed in* plural ;C regiqns.; prc»cimate n to r;; infqrmptipn . 
regions on a pte?set;medmm in*which,the second infor^. r 
mation is arrayed.-sfhe first; digital jnfprmation has^jhe 
pre-set basic information and the subsidiary information ,, 
supplementing the, ba&cjnformatipn. - ? .bnu;>e 
* o An apparatus for processing the information; 
includes encoding means : for encoding the first ; digital 
.information itO;be arrayed in plural .regions dMded by^ 
vinformation regiqnsjon a pr^setmediurn in ; which the 
.second information is.arrayed, and/or d^ing L means ^ 
-for decoding ; bth^^cpded c - iirst 0 digital t; information 
, arrayed in plural regions^vided ; by jnfor^atjorvr^ioos 
-on a pre-set medium in whic* fte seco^ is 
arrayed. The first cdigitai E in preset : 

3 basic information and ,the : suteidiary information sup- 
rplementing the basic information^ ; ^-qr-- n b^ooo 
In the information processing apparatus : of ; the 
. present inventioo.^thelirst: digital infprrration.conteins 
the audio information, while the second jnfpr^tion also 
contains the audio information.flhe basic information js. 
the quantization samples qr the information of Jpyyer jre- 
; quency bands than those of the supplementary informa- 
tion. The supplementary information is the re-quantized- 
samples of the quantization error ,of the basic Jnforma- 
. .-.tion. b--& pniDco-iif »o Gdsa-;o ior-\:u-yr:} :y. 

The pre-set medium includes a motion picture film, 
:a disc-shaped recording ; medium or : a communication 
■y- network. 'i:nr':no* - ^: : ^o:'; o -v:: or :-:.-ir>-'-^ u; 

The plural regions for the first digital information are 
-those between perforations of the motion picture film, 
between the perforations on the same side of the film, 
those between the perforations and the edge of the 
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//notion picture frame and those between- the perfora-'r c non-blocking frequency ^synthesis means, for pre-set 
tions of the motion picture film and the;edge-of the ?; .^non-blocking frequency analyzed data. The frequency 
motion picture film and between the perfbrations. iThe ^i -bandwidth for the non-blocking frequency analyses is 
basic information, and the supplementary information - set so as ; to be; equai in_at least twojowermost bands.,, 
are arrayed separately between on^ and the ; other ; rows Pt5 v ; Alterr^iveiy^ 

of perforations;-; : ;:,j^ r o> 0 M: ; or -^v, <. f or> .^vg -r ovr i^rfrequency^ara^ to^be broader Mjh. 

In the informationv processing .apparatus ::of o the ^ r i increase Jn fr^uenpy in at least ^^he^h^um^. 
present invention;c the .multichannel "information f:is ripri oband. Fortbe^ro^ 
arrayed as the first digital information- ^n?i <;:t n : ;; ,; »:■:* -kPtase quadra^ 

In the information ^ processing apparatus: of =the,:^ro ^b© emplqy^^ebl^ include, 
present invention,; the basic information and.the supple- * y^i , modified discrete cpsine Jtan^rm. In the u6<^ ; ng fre- 
mentary information are high-efficiency .encoded ; infer- ;. t quency ^alyses, r tae o b^^^ 
mation. The ^basic^ information: andrthe :subsidiary ,,j : ; depending r u^a \^p^ra\ char^er:isB^ } pf .input' ag- 
information are time<lomain or frequency-domain sanrv- :± .. - < . /;nals. Such ph^ge ip 
pies. Variable^ allocation is performed on; the time- ±as ently for each of at -least ^ 
domain and frequencyrdomain samples of plural chanr blocking fr^uencyanajy^ 
nels. The apportionment of totalbit allocation quantity of; ^ : „ In the informationy, processing apparatus ^oTrthe- 
the bit allocation .quantity for the basic: information and ;re " present invention,: the sum of bjt allocation portions for 
the bit allocation quaintity ofthe subsidiary ■information, d the basic information and the bit. allocation portions for - 
summed together, to the entire channels, is-set so as to , ~2o r - the subsidiary information for K respective channels is, 
be substantially,o)nstant:Meanwhile>!the:Scale factors ..changed depending on the maximum sample value or > 
for sample data of the subsidiary information- are found ; -y .the scale factor of: each; channel.; .The channel-to-chan- 
from the scale factors and word lengths of sample data ,nel bit apportionment is changed with time changes in 
of the basic information.i; b<v no^n v v;r- amplitude information of an energy value, a peak value 
In thevinformation processing? apparatus-, of f the t 25 .or a mean value of information signals ; of each channel; , 
present invention, a bit allocation;quantity to one of plu- . x ,, : The encoding means of the information preceding 
ral channels to whidva.bit quantity, exceeding ;a pre-set, :^-.^^apparatus-; t ofr;th$ c pr^sent} invention .includes memory, 
constant reference quantityJs allocated is resolved intot: • means for;separating,rjn i; each sync block, a bitValloca- v 
a bit quantity portion of the;basic: information whichjsi- ?c ; tion sample group, of the basic information ajlqcating a - 
the bit apportionment not-including channel; bit alloca- :v3^ bit quantity larger than ; . a preset reference quantity for 
tion and not. exceeding the reference quantity al most 1 ; ^ plural channels from the ■bit aiiocation^sample group of ■ 
and a bit ;quantity:portion corresponding tpi the; differs - !0 the remaining subsidiary jnforcnation of the bit allocation 
ence between- bit-apportionment including channel bit ample group of the basic information for plural, channels 
allocation as bit allocation of the subsidiary information, : forrecording.on^he pre-set m^ium, ^ , 
and bit apportionment notf including channelMappor-. 35 processing ;i appara^^ t 
tionment ofthebasic information. Variable bit apportion-;- ^ allocation sample gtq^of the.basic in^ 
ment is done otO;: time-doma bit allocation sample grpup of the subsidiary information : 

samples otplural channels irom channel to. channel.; o : /.arealternately.recoidaj irjeach^annel.^ hu.Vr^^ - 
The sample data of bit allocation of the subsidiary infer-- B ; In thevinformation ^.processing ^apparatus of the 
mation is .given; as a:difference;between'csample . data 40 -present invention, :the;;decoding:;means decode and . - 
obtained from.bit apportionment indudng ? channer bit l ; jeproduce : the bit allocation sample group of the basic 
allocation and sample data:pbtained from bit apportion-:;^ information; for; plural channels and; the bit allocation \. 
ment not including channel bifallocation:;: ^vo;- ; :-^ .sample group ;pf ? "the. subsidiary, information for plural 

in the iinformation :processing .;apparatus .of the , v channels-taken out after recording : on. the: ^pre-set • 
present invention, : the: same quantization is carried .out 45, recording medium.in [Separation from each other in one - 
of sample data in a small-sized block divided along time- .-; -sync block: :The : .deccding rmeans decode and repro- 
and frequency. For, produdng sarrple dataJn the small-. ^ duce the bit allocation sample information of each chan- 
sized block divided; along time :^and frequency, , the v . nel alternately recorded in each channel in one sync 
encoding means is provided with pre-set blocking fre- ... . block and the bit allocation sample group of the subsid- 
quency analysis means for canning out. blocking fre- , so ; iary information. The,bit quantity ^ larger, than the pre-set 
quency analyses configured to performing; frequency . reference quantity ; is allocated depending on whether 
analyses for each block made up -of plural samples,-/,; - v the allocation bit quantity to the channel is larger than or 
while decoding means has. pre-set blocking, frequency „ equal to the reference,quantity.of the subsidiary infor- 
synthesis means for pre-set blocking frequency ana- : mation smaller tfian the pre-set reference quantity., 
lyzed data. For produdng sample data \r\ the. small-., -55 r . : With a medium of the present invention, the first 
sized block, divided along time and frequency , the - : ; digital information having the J^ic information and. the 
encoding means,is provided with preset. non-blocking;; , aibsidiary information, completing the basic information 
frequency analysis means for carrying out.non-btocking . .. is arrayed in plural regions exduding those for arraying 
frequency analyses, while decoding means has pre-set : the second information. The basic information and the 
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subsidiary information 1 are the ^ information ■encoded by : 
the above-described method for -processing the infor- ^ 



mation. 



0:0 



With the information processing nfethdd eiicf &ppa- J 
ratus of th£ ; pte^ 

encoded, and theTirst digital inforrtStidn thu^-ehcoded 
is arranged In- plural'pfbxirrat^' re<gicihs f and^ri plural ^ 
regions divided 

ond inforrrfatidn airanged, Satfiat the s&Snd inform^ | 
tion is related* fts pd^itibh Wft^ 
the medium. { ln addition; since the first "ciigital informa-- 
tion has ftof ohi^tl^^refiset basicnrii^ma^ tit afed 
the supplementary ihformirtlbn of the basic information; 
the basic infofrra^ 

high quality Using the supplementary information: v • ■ 
Also, according to the present inventidrirthe 1 first 
digital information contains the audio information; while 
the second digital information also contains the audio 
information, ;? sd : - that : the present invention may; be 
applied to a variety of applications' handling the audio 
information.- 1 av ^ur^ss -u^sm «ni no ^-vm<^c * 
With the information prdcksing meth^ and appa- 
ratus according to the present invention, the basic infor- 
mation is quantized samples; while the supplementary 
information is rd-qiiahtized samples of the quantization 
error of the basic information; so that the sigrial-to-noise 
ratio in the ^coding and decoding of the basic informa- 
tion may be iriprov^. In addition; if the b^ 
tion is the information of the frequency band lower than 
that of the- supplementary 5 information, and if the basic 
information is e.g.^^e' audio information/ the low- fre- 
quency band- which' is j crucial acbustically may be 
improved in quality — ! ; * - i-.ot&wjiv. -=0: t-j 

The preset medium may be a motion picture film; a : 
disc-shaped recording medium or a cbmmunicatibh net- 
work. If the preset rn^iurn is a motion picture film; the 
plural regions 'for the first digital information may be- 
those between perforations bf : the r motion picture; film/ 
between the perforations on the same side of the film, 
those between -the ■ "perforations and the edge of-the 
motion picture frame 'and those between the perfora- 
tions of the motion ^rtiire film -and We edge of the 
motion picture film'arti r betweeri -toe perforations,*: 
order to rhake effective utilization of the film regions 7 
other than the picture regions: In addition; by separately; 
arraying the basic information and the supplementary 
information between perforation^ of brie^ 
the perforations and between perforations -of the other 
row of perforation^ the region for the basic information 
and the supplementary^ information may be secured; 
while the number of usable bits may be increased/ : 

According to the present invention; plural recording 
regions of the recording medium are divided into a first 
region and a-secbrid regiony the basic information 
among the plural channels are recorded in -the first 
region and the remaining supplemerrtary infbrrriation is 
recorded in the second regions.- Thus; by employing the 
regions between filni perforations as the first region and 
by employing" the longitudinal region as the" second 



25 



*j region, the opposite side .information may.beused.for; 
! 1 regeneration ;<even ;if one 1 of : the regions;* becomes K 
: ; depleted of the recorded information: 3d d^i rr;ii^ > ; ;io 
) ; : Further, ^according : - ? to sr the present invention,; - by' ; 
5- "« : 5 arraying the rntilti^hanriel ^audioirifbrmatibri as*e first p 
" ^ digital information, compressing the information witftthe 
r - basic information and the supplementary information as 

' ; the high efficiency encoded information, performing var- ; 
^ lable bit allocation for time-domain or frequency-domain. 1 
id : "samples of the basic;information and]the) supplemen- 
- : tary information among different: channels and by set- 
ting the total bit allocation-quantity for the total channels • 
of the sum of the bit allocation quantity to the:respective 
information data: so as to 'be substantially. -constant, i 
75 effective bit utilization may be achieved.:;This may be 
realized by^ resolving the bit allocation quantity to the 
channels' to which . the bit quantity larger than a pre : set 
reference quantity is allocated into a bit quantity: portion : 
^ of the basic information which is the bit allocation mot > 
20 containing the channel bit allocation: not exceedingca 
j ^ constant reference quantity at/most and a -bit quantity ; 
: portion which is a difference between the bit allocation- 1 
k containing the bit quantity portiomas the bit allocation -< 
: for the supplementary information and the bit allocation / 
: riot containing channel bit: allocation of the^basic linfoK 
mation, and by performing variable: bit t allocation of 
/respective samples ofrrespective^chahnels among dif^ r 
;ferent channels. .MeanwNler-the sample* datatconcern^ = 
ing bit allocation to the supplementary information may 
be given as a f difference between sampleidata resulting f 
^'■from bit allocation containing channel bit allocation and 
sample data resulting from bit allocationinot containing 
■■ ■c- channel bit allocation: The scale factor for sample data 
v- ■» of the supplementary information is found from*e word 
35. length and the scale factor for^the sample data of the - 
.:*cc basic informations «iosi ^ .ncitern-oini oiasd snr k : 
;..-> | n addition; according to the present invention; the 
same quantization is effected of the respective- sample ; 
data in a small-sized block divided as to time arid :fre^i 
40 : quency. The sample data in the small-eized block: may 
r .-be obtained 1 by performing pre-set blocking frequency 
no analyses during decoding and by performing-pre-set 
: : ; n blocking frequency synthesis during decoding, while the 
: - an sample data may also be^obtained byiperfbrmingipre-^ 
v45 " set non-blocking frequency analyses during encoding 
' : - and by performing pre-set nbn-blbcking:frequency^syn-: 
. : thesisduring decoding. According to the present inven- 
tion, the 5 frequency bandwidth * of ^the^ nonlocking 
^ ' frequency analyses may be equated in at least two 
50 lower most frequency bands onmay*<be set to be- 
broader in at least the highest ^frequency range ior 

- = matching to the hearing sense.' For the non-blocking fre- 

- quency analyses, polyphase quadrature filters or quad- 

: rature mirror filters may be iemployed. cThe f blocking^ 
■ 55 frequency Analyses include "modified^ discrete cosine 
! - transform: In the blocking frequency arialyses^the block 

- : size is adaptively changed depending upon r temporal 

characteristics of input signals. Such change iri: block 
- size is carried but independently for each of at least two 
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output bands of the non-blocking frequency-analyses for 
enabling frequency; analyses.matched to input signal 
characteristics. . s-jr--: ;>■ .\ nv;;-!;. -^r '•• 
In addition/ bit allocation matched to' input signal 
characteristics may be achieved by changing the sum of 
the bit allocation portion for the basic information for the'' 
respective Wahriels ahd' that for the Supplementary 
information depending upon the scale factor orthe max- 
imum sample values of the respective channels, by 
changing the channel-to-channel bit allocation by time 
changes in the amplitude information of the energy val- 
ues of the information signal of respective channels for : :; 
the peak or mean values thereof, or by changing the bit . 
allocation; for :respeclive-:channels;depending on time 
changes of the scale factors of the respectivechannels., is 
Further, with the information processing: apparatus 1 
of the present invention, each sync block is divided into . - 
a group of bit allocation samples of the basic informal . : 
tion allocating the bitquantity larger than a prersetrefer- 
ence quantity:; for: plural .channels;, and >a group: of : m 
remaining bit allocation samples ; of the supplementary ■ 
information . of the bit allocation sample, groups of the z.;\ri 
basic information, and these sample groups tare e 
recorded :by ^ recording: means ron- a preset {recording :■■ ;.. 
medium. Recording of the bit allocation sample group of 
the basic, information, and - the; bit aliocation.?sample; . . 
group of the supplementary information is effected alter--: 
nately for: respective channels. :\n the i information ;t 
processing:;apparatus,of the present ;invention;^decod- 
ing means effect decoding and reproduction from the bit >30 
allocation samples otthe, basic information and the suj>: 
plementary. information, recorded in separated state ini ;;; 
one sync block of a pre-set medium.: If the respective bit c r 
allocation sample, groups are alternately! recorded:from .-■ ; 
channel to,channelrthe-deo)ding'andrep:oduction:are 351 
effeded;in:sar.similar,manner.orl:he^ decoding means- - 
detects a channel ;for which a bilquantity is largerthan 
a reference quantity, based on whether the bit allocation * 
quantity to the channels is larger than or equal to a ref^ :j ; 
erence quantity of the supplementary: information which . 40 
is smaller; than a constant reference quantity.-,. ». ; 

With the medium of the present inyention; the:infor- - i v 
mation encoded, in; : ac(X)fdance with the information -r.\c 
processing.method and.apparatus of the present inven- 
tion is arrayed.-ior effective utilization of the.arrayable - .45 
region for improving the quality of the arrayed informa- 
tion. ■ ,; r ; ;. ■■ " v 

BRIEF DESCRIPTION OF THE DRAWINGS; ' ^ - , '.'n 
t'i r:. >=■:. ... j /:;:...:.- ?y ;50 .. 

Fig. 1 shows a motion picture f flm as an example of . 
the medium of^the present invention and the manner in , 
which the first digital information and the second infor- ; 
mation are arrayed.on the motion picture film: v o o-.— > 

Rg.2 shows a speaker arrangement in an 8-chan- ss 
nel digital .surround system. . r y ; : ; : ; :! - . 

Fig.3 is a block circuit diagram showing a construe- : . 
tion of an illustrative example of a compression encod- 
ing circuit of an information processing apparatus for . 



carrying out the information processing method of the 
.present invention, with the example being that in which 
bit apportionment among the channels is not carried 

Rg.4 is a block circuit diagram showing a construc- 
tion of anillustrative example of a compression encod- 
ing circuit of an information processing apparatus 1 for 
carrying out the information processing method of the 
present invention, with the example being that in which 
bit apportionment among the channels is carried out;" 

Rg.5 shows frequency and time division of a signal 
for a compression encoding circuit: ■ ornberv 

Rg.6 is a block circuit diagram showing * an -illustra- 
tive construction of an adaptive bit allocation circuit for 
finding bit apportioning parameters for multiple ^ chan- 
nels in a compression encoding circuit. • c-: 

Rg.7 is a graph showing bit apportionment among 
plural channels in a compression encoding circuit. 

Rg.8 shows. how to find parameters for bit appor- 
tionments consideration of time characteristics of the 
information signals among plural channels. - : - : : 
;;c Rg.9 is a graph showing the relation between the 
amount of bit apportioned in accordance with bit appor- 
tionment (1) and tonality. . • ^on*^. - 

Rg.10 is a graph showing the relation between the 
amount of bit apportioned in accordance with bit appor- 
tionment (1) and time rate of change/ : * - * v v : jCk / 

Rg.11 is a graph showing the noise spectrum for 
uniform apportionments ^ ... ? ~ ^ ir - <=; : 
Rg.12 is a graph showing a frequency spectrum of 
? information signals* and: a noise spectrum due to bit 
apportionment for; producing leveWependent acoustic 

'-.effects. .. ; ,r- Cy\i. :;.,;+} / ;g i-.''u'i i-_ . ... ■ 

Rg.13 is a block circuit diagram showing a- con- 
b struction of an adaptive bit allocation circuit for realizing 
a bit allocation .scheme employing both the^magnitode - 

- of information signals and the acousticallycallowable " 

:.:.noise Spectrum.; -y '*:-■:_;:•■<. \y,:C : J v; p?.-^.0'._- 

Rg. 14 is a circuit diagram showing a ^ construction of * 
a circuit for finding the alloyvable noise levels > > r 
Rg.1 5 is a graph-showing an example of a masking : 
r: threshold by, the signal levels of -the respective bands." : 
Rg.16 is a graph showing the information? spec- : 
l trum, masking threshold: and; the minimum audibility 

-.limit. '-W.:-:; .. ' ; :■• ;. ; r rr. c T ;o P \ . *>, .t ; 

- Rg. 1 7Js a graph showing bit allocation dependent : 
on the signal level forJow-tonalityiinformationisignals ^ 
and bit allocation dependent on the acoustically allowa- - 
ble noise level. . : : ; - 

Rg.18 is a graph showing bit allocation dependent 
on the signal level for high-tonality information-signals 
and bit allocation dependent on the acoustically allowa- 
ble noise level. . „ . - ■ 

Rg.19 is a graph showing :the quantization noise 
. level for low-tonality information signals. . 

Rg.20 is a graph showing the quantization noise 
level for high-tonality information, signals. r . 

Rg.21 is a graph showing bit apportionment for 
eight channels. 
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: i Fig.22 is a block dtcuit.diagram showing an iilustrav 
tive construction of a^ circuit for dividing the bit alloca- 
tion. * ;!■-.!;: rrx.f::-. ; r"'/^; 

Fig.23 is a block circuit diagram showing an illustra- 
tive construction of an/expansion; decoding :circuit;for 
expansion decoding compression encoded digital, audio 
signals of, the respectiyechannels/ci^rncjM io ; l ;i 

Fig.24 is a>graph showing bit apportionment for f ive 
channels. -h. n\ ten* £.n;<<.: ^;rnG\- v;: .-o-.r.'rMi; ;\. 

Fig.25 is a block circuit diagram showing an illustra- - : 
tive construction of a ^ compression . encoding circuit for 
compression encoding digitahaucGo: signals of respec- 
tive channels of an alternative embodiment-.: :! r. 

Fig.26 is a block circuit diagram showing an illustra- 
tive construction for determining bit apportionment for 
respective channels in the alternative 'embodiment of 
the compression encoding circuit : rt. q?;;^ f m 

Fig.27 is a block;circu(t diagram showing an illustra^o 
tive construction ;of an expansion decoding circuit for 
expansion ; decoding -the compression: encoded digital 
audio signals of the respective channels of the alterna^ r 
tive embodiment/ noc^v: ::U or;^- -k; ^ ■ 

Fig.28 shows a disc-shaped: recording: medium as 
an alternative example of a medium according to the 
present invention. ? : :r x ^ v ; r : q : ^ ? o 

BEST MODE FOR CARRYING OUT THE INVENTION: 

Referring to the drawings, preferred embodiments 
of the present invention will be explained in detail; > 

Fig. 1 shows how the first digital information and the 
second information are -recorded on :a; motion picture 
film 1 as an example of a recording medium according 
to a first embodiment of the presentinventionid m 

The regions for ;the digital information as latere 
explained include recording regipns; 4: defined between : 
perforations^ of a motion picture: film l.ias shown in 
Fig.1a t transversely aligned recording regions 4 
between the perforations 3 on both?edges of the motion 
picture film 1 as shown in Fig: 1b, longitudinal recording 
regions Sbetween theredges and the perforations of the 
motion pidure film 1: as -shown Jn Fig. 1c and recording ■; 
regions 5 between the edges and the perforations of the 
motion picture,fiim 1 and recording regions 4 between 
the perforations 3 of the motion picture film 1 as shown 
in Fig.ld. It is noted that the digital audio signals (audio 
data) as the basic information of the first digital informa- 
tion and the quantization error infer mationor subsidiary 
information as the supplementary information are 
arrayed separately, for example; between :the perfora- 
tions 3 on one lateral side, e.g:, on the right side, and: 
between the perforations 3 on the opposite lateral side, ^ 
e.g., on the left side, of the motion picture film 1. In the 
picture recording regions 2:are recorded pictures, that is 
picture frames, as the second information. ■ vr > ; - 

In the present embodiment, the above-mentioned 
motion picture film 1, for example,' is employed as the 
recording medium. The first digital information recorded 
on the motion picture film 1 is the multi-channel sound 



< ^information^ as an example. The channels in this case; 
are associated with respective speakers of the digital 
surround system, as shown for example in Fig.2;.That:: 
. is, associated with the r respectiye speakers are eigM 
5 channels, namely a center (G)= channel, a sub-woofer L 
: (SW) channel, aJeft(L) channel, a left center (LC) chan- 
nel, a right (R) T channel, a right center (8Q),channel, a : 
'l v : left surround (LB) channel, and a right surround. i(RB) < 
. channel. c i .^sr^nr.o o^r^yy^ >o ^j-;.^ wor.i:: 
W s, .That is, referring to Fig.2 t the respective channels 
are associated: with a left speaker 106,* a left-center 
V: : speaker : dG4v a; center: speaker ^102, ai right^center 
speaker-105; :a -right speaker 1 07, a surround-left 
.-■ speaker 108, a surround-right speaker 109 and a sub- 
15 -woofer speaker 103, arranged towards a screen 101 , on 
which a-picture.reproduced from the picture recording 
regions 2 of the motion picture film is projected by a pro- ■ 
jector 100; ■'>:>- k, • o;- - v:i;~ o ' 

The center.speaker 102, arranged at a center posi- 
20 tion on the side of the screen,101 , outputs the playback : 
no sound of the audio data of the center^channel- Thus it 
outputs the crucial playback sound, such as actors' or 
actresses' .dialogue. The sub-woofer speaker 103 for 
outputting the playback sound by the audio data of the 
25 sub-woofer channel outputs the sound which is per- 
: ceived as vibrations, such as the sound of explosion. 
tu rather than • as sthe ; low-range sounds Thus, in many- 
- cases, the ' speaker 103 is effectively employed for 
, :_ \ scenes of explosion; The left speaker 1 06 and the right - 
30 speaker 107f arranged on the left and right sides of the 
screen 101;erespeclively; output the playback sound by 
: : the audio data the left channel and 'the playback 
: sound by the audiodata by the right channel for display- 
ing stereophonic-effects^ The left center speaker 104 
35: and the right center speaker 1 05; arranged between the 
is 1 1 center speaker 102'on one hand and the left and- right 
speakers 1 06;*1 07 on the: other hand, output the play- 
: back sound by the audio data of the left center channel 
and the playback^sound by the audio tiataof the fight 
40, r center channel and assist in the operation of the left and 
right speakers 106, 107v respectively, in a motion pic- 
tare theater having alarge-sized screen and capable 6f 
t holding a large number of guests^localizatiori of the 
r . sound image^ends to be unstable depending oil the 
45 seat positions.- Thus a more realistic sound image local- 
ization may ^ be achieved by annexing the left center 
speaker 104 and the right center speaker 107. In addi- 
. ; tion, the surround left speaker 108 and the surround 
right speaker 109. arranged for surrounding the specta- 
so tors' seats, output the playback sound by the audio data 
of the surround left channel and the audio data of the 
o surround right channel thus giving the spectators the 
* impression of being wrapped in a reverberating sound, 
hand clapping or shout of joy. The above contributes to 
55 creation of a more stereophonic sound imaged 

The information processing method of the embodi- 
ment illustrated herein is used for encoding/decoding 
the first digital information to be recorded on the record- 
ing regions 4 or the longitudinal recording regions 5 of 
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#ie motion-jpicjure^nrn ..t, ernplgyed , as .* a ; recording . 
medium. The ^rn^pn : .proci^sjng apparatus of the 
present f?t}b^m \ 
irtforrratip^prcrcessing meft^ of^tfje pri^ertjrWe.rtion. , 

Referring ta ; ^ 
ing apparatus for ^caixying put/thecinformation process- 
ing meth.od j: :Of 0 the present iirtventipn :is explained : in 



detail. 



■\HiY,i*'*- : j\ iUU.'^O 9:1} r-iv ; t ,Q r^>>j b 



The jnforrnatipn processi.og.app 
out the irforpiation pro<^^ing:meth.od;pf rtfie: present 
invention has axpo^ shown in 

Figs.3 f 4 and i ;25,' and^an^e^^ 
shown in ; ^gs,23;and;27. iTTie ( ,<x>^ 
circuit is an encoding me^s foriencpding the first digital 
information recorded in plural regions, such as the 
recording regions 4 pr. the ^longitudinal recording regions 
5 of Fig.1, arrayed ^ iapro^'tyio or^i i/to%sid/s of 
picture recording,^ frames 
of the motion picture fijm^C<^ the 
e^ansion.deppding circuH. |s ; ali^Af^^e^'^ 
decoding the 'enatfed first digital |^m^on!|r(OT the,' 
motion picture.film jl ; in which i^erejis pre-rWc^^.the : 
first di 9'tal/!nfof^^ jhe ^corrpressjon 

encoding circuit. T ! ' ' - j ^ - ^ • 

The TOmpr^ssjon encoding circuit shown in.Fig.3 is- 
now explained. " ^ '! " ^ 

in the compression encoding circuit, shown in 
Fig.3, ^ jnptJt digit^ agpal is ^Ift^^fjtter^jbank into... 
plural ^^^^^^ij^^.^ iorj^ 
from hand ^baqd^to produ^ ; 
quency ^jQjb^ 
quency a^ajp .^c^i^ ^ 
for each ciitiCai b^^hjch^ke^ 
choacoustie.ql^ 
tern as 

critical bands ^re Wrffi^ 

widths oC^uep^ t 
method nf ^^ati^ 
with the R(^?rt^iTj^ 
lengths) ^e ft a)^^ 

transform responsive to^ '.' 
is performed for f ea^cr^ sub-band 
divided to^jjfi^ 
The critical jpai)cf js.air^ue^ 
tage of ftejkysb^ 

auditory mechmism^ band pf.noise 

that can be masfted I 'by a ! ^re 'sound thS^n'be 
masked ^a : f^e r: wyrri { that has ^€LQ$m(eJfrt.ens'^Vas' 
the noise apcj Has & fr^uency in t^ 
quency of Jhe : nd^^ ; The?wWth^ of Jhe ^aiticaL band 
increases with increasing fr^ueificy of the noise. The 
entire audjp frequency tange r of p {jz,.to. 22 kHz canbe 
divided into! for exa^ie,;^^ ... 

Refen^/toRgX the fre-, 

quency ra^Vofo;^ 

to an input tenrninai'id. jfe : 
is divided into frequency ranges of 0 to j\kHz,and .11 to 
22 kHz by a band-dividing filter 1 1 ,,sucb as Qivip The 
signal in the range 'of 0 to 1 1 "kHz is.further cfivbed by 



10 



15 



.20 



25 



35, 



40 



45 



50 



55 



another band-dividing filter ;; 12, $uch as QMF, intoa sig- 
: nal in a range of 0. Hz to 5,5 kHz and a signal in, a range 
, of 5.5 kHz to 1 1 kHz. The signal in the range of ■ 1,1 'kHz 
, ; to 22 kHzJfrom the bard^vMii^jater 11 . is supplied to 
, a modified dscrqte cosine transform (MDCJ) circuit 13, 
. as an example^ transform; circuit 

. -sjgnal in #;r^g^d the:bartf- 
. dividing filter 12 and the ^gnal jn the range &Q Hz Jto 
5.5 kHz from the bajid-diyjdlng filter 12 are applied to 
MDCT circuits 1^ and 15, respectively : .' . J ; J* ,1. 
The MDCT; circuits 13, ,|4 and 15 process the sig- 
• nals of the respective, bands from the. band-dividing fil- 
lers 11, 12 n w?ft : Mbcf^s^"!upon the block sizes 
determined as described below by the block size deter- 
mining circuits ,19, ,20 : and 21 associated with the 
respective bands. In this manner, the respective band . 
- signals are converted to spectral data in the frequency 
danain or MDCT coefficient data. ^ t> i; ... J. , 
:c The block size. information^ as determined by the 
. block determjining.circuite 1 9, 2p and 21 is supplied to 
.adaptive bit ; allocation .and^encpding circuits 16, 17 v and 4 : 
18, respectively,. while :i being outputted at output termi-r 
nals 23, 25, 27, re^ertively^ ^ n ; ■ w . f . . , . P - '. : . 
, On the other hand, outputs of the MDCT circuits 13, ! 
14 and 15.are supplied to : acJaptiyejDit allocation i encpd- . 
jng circuits -16 r 17 and 18, respectively, , where, the^. 
energy for.- :i he,:Crita'^.ta sub-bands ^further , 
divided from tbecritic^ ba^ 

iare found by ^Icuiating.rpptmean^uares of re^pec-= 
: tiye amplitude ^values in^ the- respective bands.^Ofu 
.course, the scaie ; factors v as later explained; maytbe , 
.employed Jor ^ the . subsequent bit allocation, Jn; ; yvhich; 
: case new : ari^metic-logical operations fpr : finding L the K 
energy may p$ dispensed with thus resulting . in savingW 
j3f the har^are scale. c T^ep^ 
^ . amplitude A^lues ma^ ^ alsq be enployed in place pf.tiie 
: band-based.§nQrgy. Jhe spectraldata in the.fre^uency : , 
, .domain or MQCT coefficient data, pbtained/byjyjpCT 
r . ^ operations, by ; the MDCT. circuits 13 to-1^ ; , 

:: for the criticaLtends or sub-bands divided further from: 
-the aiticai, bands: for^-higher, frequendes, so as ; to be^ 
fransmitted ,to^e r adaptive bit allocation encoding, cir- ^ 
cuits16, 1Iand 18, respe^iyeiy. , ... . „ 

The spectral ^ d?ta or MDCT coefficient data are re- ^ 
: quantized.^ tfiati^ ; normalized and quantized, by ..the. - 
..adaptive bit ^allocation encoding circuits 16, 17 and 18* ^ 
..dqDending on the ^[bove-mentioned block size informa? - 
fion and the number of pits allocated, for the^ critical , 
bands or the | sub-bands divided further from the critical .. 
c bands for the higher frequencies. Data encoded by 'the . 
adaptive bit allocation encoding circuits 16, 17 and ,18 
are outputted at output terminals 22, 24 and 26^ respec- - - 
-tively. The ; adaptive bit ; allocation encoding cirgjits.16, . 
17 and 18 also find f the scale factor, that is a factor jndi- y 
,cating which agnai magnitude has been used ^ as the , 
basis for normalization,, and the bit length information, 
that is an information indicating which bit length has . , 
been used fpr.quantization. These two information data - 
are also outputted at the output terminals 22, 24, 26. . 
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r> The outputs of thVoutput terminals 22 to 27 are ■ - the entire signals for the respective channels; foi ; sirmil- ; 

combined tbgethersb as to be : taneously effecting' bit apportionment of op^irna^ 

compression encoding circuits. - « J ~ ' ' " : y ' 1 : ; Wely distributive quantity ^;Wts tolhetespctrye ; 

Inthe^rnpfebf T^^™^*^^- ' * channelsf Wchanhel brt a^^ 

digital audio ! s^ 

channels in ca^^ orcurt^as ater ^^^^f^ 

the respe^^ ^^^SSSS^ 

for encoding -the digital audio sighal bf the optional signal magnrtudeused a ^;^^;"2 r ^°" 
channel in case bit ^rtionmerit is done among the^ - * and the length 'nfo^ 
pSchannelsforSress^ ; , . used for quahtizat™^ 

Rg.4, in which the' con^onehts other than the adaptive' - taneously outputted at the x>utput term,nals 22. 24 and 

bit allocation encbcfihg circuits 16, 17and 18arebasi- : is' 26. _ _ 

catty the same as the corresponding components ; : The outputs of the output terminals 22 to 27 are 
shown in Fig 3 ' : ; = ; ' -i c ' -'"^ - 

In the compression encoding circuit shown in FigA, picture filrri 1 of thVpre^nTbn^ 
an illustrative example of the block sizes determined by ; shaped recording medium ' as - later gained. The 
the MDCT^drcurts 19 to 21 similar fo those shown in- so recording is perfprmed using a irognet^c head or an 
Fig 3 is shown in Rgi5a arid 5b. Rgs.5a and 5b show '• ' optical head as recording means. ' ' " : . , .. . 
the long orthogonal transform block size, that is the ' Referring to Rg.6. : an illustrative construction and 
orthogonal transform block size for the long mode; and : - -an operation of an adaptive bit apportioning circuit for bit 
the short orthogonal transform block size? that is the apportionment among the different channels are 
orthogonal- tran^^^ for the short mode. ( * w explained. In the embodiment of Rg.6, bft apportion; 

respectivelylrt the illustrative example ofRg.5. each of ; ra ment is done for eight channels in the same manner as ; 
the three inter outputs 5 has two orthbgofiai transform" v; ' ;,5 for Rg.2. _ - ^ 

block sizesSThatMS^ for tfirsignai^in the ^'frequer^ ' 7 b; ° vi ! In Rg.6, cbmmoh' pbrtioris of the resp^e chan- 
rangeofO Hzta5.5l<HzarTd are 

quency range of 5.5 kHz to 1 1 kHz, the number of sarrW so example. Asfbrthe femainihg;channels.^e sarTO refer- 
ples in each-block isequal to 1 28 as shown in Fig": 5a of 1 J ^erice numerals are used mmj^^^O^af- r 
equal to 32 as showri ih-Rg.5b. when a'lo'ng bldck size : - ' ;T tion is omied fbVsimpRcity: -Aft ^pW ^formation signal 
or a short block size £ selected, respectively. 1 On the ' for this channel CH1if supplied to anjnr^te/rmaJ 31 
other randi forlhe sighalih the'higri frequency' range of 1 1 for the channel -^SHi;-"™- ««S^-^ , T^?^^=. 1 ?. 
1 1 to 22 kHz; the number of samples in each orthogonal "as '"the terminal 29 shown in Fig.4.' This input inforrratai. 
transform bfbckis'set to 256'if the Icflabibcftlehgtli^^ r:L ii! ! r signal is developed 6y a mappipg;c 
shown in Fig.5a is selected, whereas, if the short block - : > nal on the time domain to a signal on the; frequency 
length is seMed.'as^shbwh iri'Rg:5b, i; tKI : riUr*br'bf - ; domain. If afiiterbajik^ 

sarrplesirieattblockisset^^^ pies are produced as sub-band signals. On the other 

short blMk leiigth isseiected; the number of Sa#^in ' ■«> " ! hand, if orthogonal trans^ 
the orthogonal transform block in each band is selected ' : filtering, frequerity^omain sa^ , ,, 

to be the sameWfha^ime resbfution will ; be ilhcreaied ' rs These samples are ? grouped bya Bo^ng;circuit33 ; 
and the number of sorts of the windows used for block- ' : into plural samples as unite. If the filter bank has been 
ing will be decreased with increase in frequency. r The ' used, plural time^omajn san^ 
block sizenrtforrratibh; indicating the 1 block'' sizes 'as whereas, if orthogonal ^^ trarBform is abplied directly or 
determined by the Wo* determining drcuits19. r 20 and Rafter filtering. /plural Ired^enc^Omain^san^es are 
21 in the ius1ra^-(«airn0e o1 ! F^^%lroutkr*to 'fliie' " " ' ''"grouped astinite ._X _ XX -IX- . . 
adaptive bit allocation encoding circuite 16. ; 17 and 18 ' J ' s n : In the present embotf ment. tem^ral changes of 
as later explained; while being outputted at'the outptii ^ the MDCT'time^omain input L signals in the course of 
terminals 23; ; 25 ; arid 27. - - - - ■ : 1 v r 1 ! ' " ? i: ' so ; mapping are caicuiated by a ^ch^e;c^ia^ 

In the adaptive bifalocalibh %Tk»o1r^i ! c1rc1iite"ifi,- : '' circuit 34. , / ^ ^ .' r pt ,, v 

17 and 18 shown in ; Rg.4. the spectral data or MDCT ' .. ; ' The samples grouped into plUral sarnples as units 
coeffiderrtdataaiere^ua^ized.tMtis^'n^^^^ ^ in the blocWngdrcuit 33 are normalize^ b/ 

quantized, depending bri the ^Wbck size info?rratibn'ahd " :; tion circuit 37. the scale factors, ^wWch arecoeffiaente 
on the number of bits allocated to the critical bands or '55 :n fbr normalization, are obtained by a scale factor calcu- 
the sub4)ands further divided from the critical bancfefbr : " ; : : iating circuit : 35. . The tonality value is ajso fpig by a 
higher frequeridesi'Ai this time, the adaptiveVK alibca- ' : tonality (^culati'ngxircuit 36.' ' J 7 'I-,. • 

tion encoding circuits 16' 17 and 18 check the channel '-■ ' ' The parameters thus found are used for b|t;appqr- . 
bit apportionment among the different channels; that is " : ! tionment in a bit apportionment circuit 38. If the number 
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r of bits that represent' MDCT coefficients arid ririay be 
used for transmission or recording is 800 kbps for the 
entire channels; thatns.< the above-mentioned 'eight 
channels,- the bit apportionment circuit 38 of the present 
embodiment finds first bit apportionment including: 
channel bit allocatioivthat is bit allocation for the basic 
information, and second bit apportionment nbt-includihg 
channelbit allocation. that is.bit allocation for the basic : 
information^ -jf^i's t!8 .^frr.:-^ si ?.i£-.-r,.£ lot-- 
The technique of the first bit apportionmeht includ- 
ing channel bit allocation is how explairietl^ Bit : afldcatibn "'. 
is done adaptively in view of the distributibri of the scale ' 
factors in the frequency domain. ":s = ^ or he -va 
In such ?case; v effective i ^ bit -allocation :v may tie ■ 
achieved: by effecting bit apportionment amorig ; the dif : 
ferent channels in consideratioh of the distribution in the 
frequency domain of the; scale 'factors of the entire- 
channels;. Considering that the ; signal information 'data-' 
of plural channels-arei mixed in the same' sound field as^ 
in the case of speakersto reach left and right ears of a 
listener, the masking effect may be assumed to operate 
on the sum of f signals 5 of the entire channels. Thus it is : 
effective to perform bit apportionment so that the-nbise 
level of each channel will be-equalfor the -same band, 
as shown: in; Figs.7A and 7H. One of the methods <for < 
achieving this is to performfbit allocation proportionate * 
to the magnitude of the scaling factor index. That is, bit & 
apportionment is achieved by the followirig equations: ^ ^ 

<s \ Brri = B*(SSFn)/S ' ' 
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of S= E(2SFn) , TOC' ? ' 

where Bm is theamount of bit allocatibnfor eachchan- 
nel, B is the amount of bit allocation for the entire chan- 
nels and SFnis arscale factor index and corresponds lo - 
an approximate logarithm of a peak-value, n is the block 
floating band numbennreach channel;" m is a channel 1 
number and S is the sum. of :scale factor indices of -the 
entire channels.^ In; Fig.7-v only the charts for the chan- 
nels CH1 and CH8 are shown,? while those for ithe 
remaining channels are not shown ;»3 h^^b^:^'. 

In addition to the above, the: bit apportionm^rt a'r- 
cuit 38 has a process ot detecting time change charac- 
teristics of the; signals of v the' respective chanrielis for 
changing the channelled amounts of :bit allocation 
by these characteristics as indices.: These indices indi- 
cating the.time changes may be found by the following 

prOCeSS. ■> -V O ^ - ■jr-tTrS ■ - -i; r-o-N.-qr 

Assuming^ that there are eight-channels, as shown 
in Figs.8A to 8H t ;each of bit allocating time blocks, 
which are-time <units;for bit, allocation* for information 
input signals of the respective channels/is divided tern- * 
porally into four time, sub*locks, ; as time units for bit 
allocation, and peak- values of the respective time sub-' • 
blocks are found. Bit distribution among the respective 
channels is done responsive to the magnitudes of the 
difference between the peak values of the respective * 
sub-blocks when these peak values are changed from .- 



- smaller value to larger values. Assuming that C bits are 
available* fof this bit allocation in the'eight channels, and : 
that the magnitudes of the differences at the poihts of 
•''--v::- transitions from smalletto larger rvalues ! in the respec- 
5 tive sunblocks of the respective channels are"dehoted= 
as a, b, c, d; e, f and g decibels (dB) he numbers of bits 
* that may ■ be^apportioned ^arer C*a/Ty: ?C*b/T ; 

; !: * C*h/T , That is, the higher the rate of increase of the - 

v . magnitude of the signal information of a given channel, ■ 
to -the more the number of bits apportioned:to such chan- 
■ t nel. In Fig.8, only the-channels GH1 ; CH2 and CH8 are 
;:^ shown, while - the v remaining : five channels > are :not . 
ic- ^shown. 0*-: i'?::-:::-'T r^.r.i a:*? v:. soLife^ ib^t-- :•> >\- 

Ihe second bit ^portibnmeht iachSme, riot includ- 
ing thie channel bit allocation, is ffow 6xplauri&j: qw : v ^ 
As the second bit apportionment scheme, not 
including:the "channel bit sUloc&tibn; -the bit apportion- 
ment scheme comprising two bit apportionment 
^schemes is explained. The second bit apportionment 
scheme corresponds to the bit allocation procedure by 
the adaptive bit allocation encoding circuits 16 to 18 
shown in Fig.4. v *\ '""^ ^ '* V* " f A ' - '■ 

These two bit apportionment schemes are termed 
bit apportionment scheme(1J arid" bit a^rtiofimeht 
■ scheme(2). In this following bit ^i&rtioriment schemed 
the bit rates that can be used for the r i*e^eftive -chan- 0 
;nels are previously fixed for theVespectiWchanhSlsS :i 
example, ^higher bit r rate r of 1 47 W^dsP is I Used r fdr a 
channel hahdling the Crucial sound; sucWas speechyOn - 
the other hand; 2 kbps at mbsfis al!bdat(^'#Vc^nel T 
which is not crucial, and 100 kbps is allbcat^ 'for the : 
remaining charihels}'- " s ^icneo ■■•':-■.* al^n-^o * - 
-■ "' ; The bit quantity employed for bit &locdtibri 5 scheme ? 
(1) is determined first of all:- To* this-endrthe tbhalHy ; 
iriforrhation''of the^ ^ectral^i^ 
information (a) and thes time change iriforriiatibn of the 
isignal inforratibh (b) are employed! rii ■ 1 

^ Turning now to theWality information; the siirrvof - 
the absolute values of the differerices betwleisri icljaceht ! * 
signal spectral values divided by the number of the 
spectral signals is employed as an 'iridex: Expressed 
more simply, a mean value of the differences between 
the scale 5 factor indices of the adjacent ^blobk-based 
scale factors for block floating ^is ertpIbyed/The ; scale :: 
factor indices borrespohd to the logarithm of the appfbx- 
innate scaling factors. In thW presert * 
^ number of bits to be used for bit appbrtibnmerff scheme c ~ 
(1) is set to a maximum of 80 kbps and a fhiriirhum of 1 0 : 
kbps in association with the tonality-indicating : value/ 
so itjhe bits apportioned for the respective channels are ' 

herein set uniformly to 100 kbps for simplicity. ;i 
: ! : • The tonalrty'is calculated by the following equation:- 

T = (1/WLmax)(EABS(SFn - 1))- - * • 

where WLmax is the maximum value of the word length 
- * equal to 16; SFri is the index value for the scale factor 
-corresponding to the logarithm of the approximate peak 
- • value, o is the block floating band number. 
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f The number of, apportioned bits ^and the tonality 
informatipn;T,tfius.fpund are correlated with each other 
as shown jn : Fig.9.. ;; < ; & yv sr&\is- ^v.^o.sr -< 

In addition; with the present lembodiment, the bit 
distribution ratiO;between the bit apportionment (1) and 
at least cone- other-bit apportionment: to « be annexed s 
thereto depends on time change characteristics of the 
information signals. In the. present illustrative embodi-- 
ment, the.fpeak- values- of *e - signal l information of -u 
respective ^neighboring ^blocks are ^compared to one 
another for? each time intervalj obtained by subdividing 
the orthogonahtransform time block size for finding the 
time area in which the amplitude of the information sig- 
nals rise steeply. Thef ratio of bit apportionment (bit diyi- 
sion) is determined based upon the state or degree of 
steep rise in the signal amplitude, ; ^ ; - < 

The time rate of change is found . by the following ; 
equations: r-c;r-'xq^ --n o* 1 n^-:' y- r--v- " ' 

Vav = 0A/max)*(1/Ch)Vt 

where Vt is the sum of the ^ from the smaller to 
the larger, values of the peak values of.the time sub- 
blocks of the respective channels, expressed in dB,and 
Vm is the largWt one of chan to the 

larger val^^iha peak : yaluesf ofthe time sub-Wpd^s ; 
of the respj^y% ; ^ 

being limited to 30 d& r 
in dB. m denotes the channel n ; Ch denotes the 
number of channels and Vav denotes a change from a 
smaller tc ^ ! aja*geri,ya(ue of the peak value of the . time 
sub-bloc^ind?, averaged over the channels, bs n = : ■ 1 
The time rate -of change. V the 
quantity of bit apportionment r (1M : 
each other as shown in Fig.10, The number of appor- ; 
tioned bits; of the bit apportionment scheme (1),is ulti- , 
nratelyfourtfj?^ ^ '^'^ 

where B, ( Bf and. Bt denpt&the ultimate quantity . of bft 
apportionment to the bit^ortipnment scheme (1), the 
quantity of .apportioned bits as found from Tua and the 
quantity of apportioned Wts as ; fpund from Vya; i & n 

The bit apportionment : j is rthe scale factor 
dependent bit apportionmentin the frequency domain 
and in the time domain^ , ; ; :: ; v r rr> 

Once the quantity of bits employed for bit apportion- 
ment scheme (1) is determined in this manner the bit 
apportionment scheme (2) forfaits not used injhe bit 
apportionment scheme (1) is determined. Various sorts 
of bit allocation are carried out. r 

First bits are uniformly allocated for the totality of 
sample values.^: ->k...- ; -i; ■■■ & 

Fig.11 shews an . example pf the quantization noise 
spectrum for bit. apportionment. ; In this case, uniform 



noise level reduction js, carried out for the c entire fre- 
quency range, a v-r .r* ■■■■■ ....:-^r.- 5 K/ ' 

Second; frequency spectrum dependent arid level- 
dependent bit allocation is carried out for producing:^ 
acoustic effects^ -^t^^ak r:-\* &nr. .r^ui. 

Rg.12 shows ah example of the quantization noise - 
spectrum for bit allocation in this case - In the present : 
example, bit allocation dependent on the spectrum of = 
r the information signals is performed. Bit allocation is ^ 
w performed so as to put emptjasis on the low range side 
.. of the spectrum ; of the .information, signals for compen- 
r, , : sating the decreased .masking; effects in : the low range - 
. as contrasted to the high ranga.This is based on asym- 
metry of the masking curve and puts;more emphasis on 
is. the low rangeirvyiew of masking between neighboring 
critical bands. Thus the bit allocation is carried out so as 
, to put more emphasis on the low range. n&-: 

. .. Finally, the sum of theibit apportionment (1) and the 
values of bit allocation to be added to the bit apportion- ■ 
]j>o' ment (1) is found bythe bit apportionment circuit 38 of: 

in Figs. 11 and 12, S„NL1 and NL2;denote the sig- 
nal spectrum^the noise level caused by uniform alloca- 
.. tion to the totality of samples, -and the -noise; level 
, 25, caused by bit allocation for producing an acoustic effect 

J : which is dependent on the frequency spectrum and the ~ 
. Tti . ^signal level. f *i >zbd k; z:^'^;- 

, Another bit ^apportionment : scheme not including 
channel bit allocation is now explained. 

■ 30 ; ; The operation of the adaptive bit allocation circuit in 
: this case is explained by referring to Fig.1 3. The magni- 

tudes of MDCT coefficients are found from block to 
block and routed to an input terminal 801. The MDCT 
„ coefficients supplied to cthe input ; terminal 801 are 
35 routed to a bandHDased energy calculating circuit 803. 

■ z v The bandrbasedqenergyrcalculating circuit 803 calcu-^ 
lates the signal^energy^of each,critical band and each 
sub-band divided fromtthe. critical band for higher fre-. 
quency. Theband energycalculated by the band-based 

40 . energy calculating circuit:803 is supplied to an energy- 
independent bit allocation circuit 804. v 9lc r J LViS 
. The energy-dependent bit allocation circuit 804 per- 
forms bit allocation of producing the white quantization 
■V - noise with jthe ; aid of .ascertain proportion,: herein 100 
; .45 ; kbps, of the total numberof usable bits from a total usa-- 
ble bit generating, circuit : 802,v herein d 28 :kbps. The 
, -higher the tonality of the input signal,; that Js the more 
rough the spectrum of the input signal, the higher is the 
■i above proportion in the total number of bits, herein 128 
: so. kbps. For detecting roughness or; non-smoothness of 
: the input signal;spectrum, the sum of the absolute val- 
ues of the differences of the.block floating coefficients of 
neighboring blocks is used as an index. Of this total 
number of bits, thus found, bit allocation is performed in 
55 proportion to the logarithmic values of the band^based 

: v energy values.rcvoi j-r?^-^. • 

A bit allocation ;calculation circuit 805, performing 

bit allocation in a manner dependent on the acoustically 
allowable noise spectrum, finds the allowable -noise 
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r .level for each critical band, in consideration' of the so^ 
called masking^effects/ based upon the spectral data 
distributed according to the critical bands; and allocates 
bits obtained by; subtracting the energy-dependehtbits 
from the- total usable bits for* deriving the acoustically 
allowable^noise spectrum: The energy-dependent bits; 
and the acoustically allowable noise level dependent 
bits are summed -together andiiised for : re-quantizing 
the spectral data or thei'MDCT^toeffident-aatd.-'The-' 
number of bits used for re^quantization is allocated by 
the adaptive bit allocationrand encoding circuits 16 to 18 1 
of Rg.4 (or Rg:3) rta respective ■ critical bands ■ or ^sub- 
bands divided from the critical bands for higher frequen- 
cies. The data-thus: encoded \s outputted via the output 
terminals ; 22; 24^26 of Fig.4. * .:i rxiro^c-:- :o 

Turning to details of the aixiustica 
spectrurh calculating circuit in the acoLfeticallyailbwabfe 
noise spectfUm dependent bit allcfcation calculation cir- 
cuit 805, the MDeT coeffidehte product by the MDCT 
circuits 13, ;14^and 15: are:Toutedftd -the acoustically;, 
allowable noise spectrum caiculating circuit.cn ircuie: ■ 
Rg. 14. shows; in a schematiC;blpck circuit diagram, . 
an arrangement of a . concrete embodiment of the allow- 
able noise : calculating circuit,; in^which^ the frequency- 
domain spectral data from the MDCT drcurts13 to 15 
are supplied to an input terminal 521. ^r.rs .trs-m: c:rer ; 

The frequency-domain spectral data r is transmitted 
to a band-based energy [calculating circuit 522*^ which 
the energies of the cntical.bands and the bands-divided, 
from the critical;bands areiound by calculating the.sum 
total of squares-of the amplitudes of the spectral compo- 
nents in the respective. bands^The amplitude peak: val- 
ues or mean,values. : may:also:be:employed in:place of 
the signal; energy in the respective bands;£ach spectral 
component indicating -the; sum value ;of^each^of -the 
respectivexritical^^ 

spectrum, ;is indicated; as SB? in Rg.15?/lrv:Rg:15,:12; 
bands B1 ;to ,B,12rare shown: as; indicating: the critical 
bands, ^arw:;'; vi!;;:;te;o^ b/:s p.o^do-!-- ^ j - 
It is noted , that ^ an voperation * of -multiplying^ each 
spectral component SB; by a preset weighting function 
for taking ;jntQ£account the/effectS30f masking: is;per- 
formed by way of convolution.^ To thisuend; an^output of > 
the band-based energy, calculating .circuit 522, that is 
each valueof the spectral;componentSB, is transmitted 
to a convolution filter: circuit .523: vThe;convolution filter, 
circuit 523 is made up of ^plurality ofdelayelements for 
sequentially delaying input- data, a?plurality:of multiplk 
ers, such as 25 multipliers associated with the respec- 
tive bands, for multiplying outputs of the deiay^elements 
with filter coefficients or weighting;, functions,.' and an,, 
adder for finding; the sum of the outputs of the respective 
multipliers. The, masking means :the phenomenon in 
which certain signals^are masked by, other signals and 
become inaudible due to.psychoacoustic characteristics 
of the human aural sense.-. The masking effect may be 
classified into the time-domain masking effect produced 
by the time-domain audio signals and concurrent mask- 
ing effect produced by the frequency-domain signals. 
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■-i By this masking,- any noise present in a masked portion^ 
becomes* inaudible.' In Actual audio signals,- the noise 
within the masked range is an allowablehoise/ 

By vvay bra concrete example^ coef- 
ficients or filter coefficients of the "respective multipliers- 
1? 6f the convolution filter circuit 523, if the coefficient of a r 
- multiplier M 5 for an arbitrary band is V, 'dutplhs of the 
delay elements are multiplied by coefficients' : 01T5; 
0.0019, 0.0000086, 0:4, 0.06 and 0.007'at the muftipli- 
' ers M-1 ;M^2, M^3, M+l;M+2 arid M+3, M beihgan arbi- 
trary integer of from T to 25;:for pierforming [ convolution 1 
of the sp^ralcompbnents SB; & mv :wu-?.-;:r^ - no* : 
An output of the convolution filter -circuit 523 isi= 
transmitted to ; a ^subtracter: 524 which is employed for 
finding a level a corresponding to the allowable noise 
level in the convolved region. Meanwhile, the allowable ' 
noise level ajssuch a level which will give "ot allorable 
j noise level for each of the CTitical -barids =by< decorivolU- T; 
tion as will be described subsequently. 1 The subtracter 
24 is supplied with an 'allowance function (a function f 
representative of the masking level) for finding the level ^ 
a. The level a is controlled by increasing or decreasing 
the allowance function. The allowance function is sup- :i 
plied from a (N - ai) function gerielrator 25 as will be- 
- '25 explained subsequently, c o e : v : - , i- r --;is^r 
That is; the level d corresponding to the allowable ^ 
noise level is found from the equation (1): r\ ^ 

^ ^ S -^(nVai) 0 r ' - }r ^;?c.r-3f... 
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where j is the number accorded seiquehtially to the criti- 1 ^ 
cal bands beginning: from the lower side, n arid g are *■ 
constants where a > 0 and S is the intensity of the cdri- 
volved Bark spectrum., lathe equation (1), (n - ai) repre- m 
sents the allowance function: As' an example, h ='38* - 
and a = -0.5;may be employed: - ^ s *fnr s n. : n fe- 
: The levelra isifound in this manner and transmitter ^ 
to a divider526 for deconvolving the level a in rtheebn- ^' 
volved region^vByGthis deconvolution? the' masking r 
: threshold is found from the level d. This masking thresh- 
: old becomes thp allowable noise level. Although ; the ^ 
;:, deconvolutioh necessitates 'complex arithmetic-logical - ; 
i steps, it is performed imthe: present embodiment in a ' - 
v sinpfified manner by using the divider 526: $ -c jan;^ j 
The masking threshbld is -transmitted via a synthe-1 c : 
.. sizing circuit 527 to: a subtractbr 528 which is supplied oi 
with an output: of the band-based energy detectiori ; cir- ■ ^ 
..cuit 522, that is the ^above-mentioned* spefctral compo- 
nents SB. The subtracter 528 subtracts cthe masking r « 
threshold from the Bark spectrum SB for masking the ^ 
; portions of the spectral components SB lower than the ^ 
: level of the masking spectrum MS, as shown in Rg.15.^ 
The delay circuit 529 is provided for delaying the Bark - 
; spectrum SB from the energy detection circuit 522 'm<-- 
consideration of therdelay caused in respective circuits : 
upstream of the synthesizing circuit 527.: j. 

An output of the subtracter 528 is outputted via an - - 
allowable noise correction circuit 530 at an output termi- - 
nal 531 so as to be transmitted to a ROM, not shown, in 
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which the information concerning the, number of the 
allocated bits is stored previously. The ROM outputs the 
information concerning the. number, of allocated bits for 
each band, depending on an ? oul|^t^of/.the. w^action 
circuit 52£t^su|^^ t ed^yia..an^ _al|pw^|3le. iwi^e. F correction , ; 
circuit M0.7the.':qu^}is the : |evel Si pL a f difference , 
between the. band-b^ised energy and ,an output of the, 
noise level setting means, v ly^vh n : .--a ^-^r- : h 

The energy-dependent bits and the acoustically \ 
allowable : noisejrleyel dependent; bits are ; summed * 
together and, the corresponding allocation bit number 
information is transmitted via the terminal 28 of Fig.4 to 
the adaptive bit allocation and encoding circuits .1 6 to 1 8 
where the frequency-domain spectral data from the 
MDCT circuits 13 to 15 are quantized with the numbers 
of bits allocated to the respective bands. r : . v 

In sum, the adaptive bit allocation and encoding cir- 
cuits 1 6 tpcl 8 quantizes the band-based spectral data , 
with the numbers of bits allocated depending on the 
level of the;difference,between the output of the noise 
level setting means and the, peak or energy values of : - 
the critical bands or the sub-bands further divided from 
the critical bands for higher frequencies. u-j-c--ir 

The synthesizing circuit 527 may also be designed 
to synthesize the masking threshold MS; and data a 
denoting the, minimum audibility curve RC from the min- r 
imum audibility curve generating circuit 532. The minir 
mum audfoility curve represents psychoacoustic 
characteristics of the hearing sense as shown in Fig.16. 
If the absolute noise level is lower than the minimum 
audibility curve RC, the noise becomes inaudible. The 
minimuru audibility qurye/differs with the; difference: in ; 
the playback sound -.level 5 even ^although the coding is ? \ 
made in the same-manner. ^cHowever^ since there is no 
marked difference in the manner of .the music altering 
the 16-bit dynamic range in actual .digital systems, it 
may be presumed, that, fcthe ^quantization noise of, the 
frequency: range jn the vicinity of 4 kHz most perceptible:. 
to the earjs not heard- the quantization noise lower than 
the level of .:the minimum audibility curve is not heard in I 
any other frequency range. Thus, if the.recording/: repror 
ducing deyiceis employed so that the noisein the vicin- 
ity of 4 kHz is notheard, and the allowable noise level is s 
to be obtained by synthesizing the minimum audibility? 
curve RC and the masking spectrum MS,: the allowable 
noise level; may . be up to the level indicated by hatched ; 
lines in Fig.16;dn the present embodiment, the level of 4 
kHz of the minimum/audibility curve is matched to the 
minimum level corresponding to e.g., 20 bits. In Fig.16r 
the signal spectrum SS is also shown, r 

Besides, therallowable noise correction circuit 530 
corrects the allowabieinoise level in the output of the 
subtracter 528 based; on the: information of the equi- 
loudness curve transmitted from ^correction informa- 
tion outputting circuit 533. The equi-Ioudness curve is a 
characteristic curve concerning psychoacoustic charac- 
teristics of hearing sense, and is obtained by finding the 
sound pressures of the sound at the respective frequen- 
cies heard with the same loudness as the pure tone of 1 < 



to 



. kHz and by connecting^ sound pressures bya curve, ci 
, .It is also^ownas an equal loudness sensitivity curve. 
The equi-Ioudness curve a!so;delineates a,curve;which . 
is substantially. the .same: as the?minimumaaudibility = 
5 ^ curve shovyn:in;Pg.1.6.With* curve, 

\ the sound in the vicinity of 4 kHz isiheard with the same ~ 
^ ' loudness as *the sound of/1 kHz^even although; the r 

. sound pressurejs decreased: by; 8 to;10;dB;from the 
mv sound ot 1 kHz,:Conversely,- the.souhd in the vicinity of 
10 kHz cannotbe heard with the same loudness as the * 
, sound oM kHz unless the sound pressure is higher by 
: about 1 5 dB than that of the sound of 1 kHz. Thus it may •■• 
be seen that the moise exceeding the minimum audibility v 
, curve (allowable noise level) preferably hasirequency 
75 characteristics represented by a curve conforming to 
the equi-lpudness curve. Thus A rt rra 
rection of the, .allowable ;r^isej^vei ; in, consideration of 
the equi-!pudn^ : -cu.we : is n fe 
r Acoustic charact^ ' z 

20 The above-described acoustically, allowable noise 
: level dependent spectral configuration- is produced by 
bit apportionment employing ia certain proportion of the 
; total usable bits, herein 128 kbps.^This proportion is 
l ^decreased with: increase vcr tonality of the input signal - : 
25 . The technique oi bit quantity division between the 
two bit apportionment schemes is now explained:): v#:k 
, Returning to Fig^13;;the signal^fromtheiinputtermi-^ 
nal 801 fed with the output of the MDCT;circuit is also * 
fed to a ispectrum smoothness; Calculating circuit 808 
30 where spectral smoothness is calculated; In the present * 
a embodiment, the sum of the absolute values dtthe dif^ ^ 
ferences between neighboring ! values -.of absolute val- 
i-.r ues of signal spectral components divided bythe sum of 
; .:. v -the absolutevalues ofthe signal spectral components ^ = 
calculated as indicating;spectral smoothnessJ^--ni ino; 

An output of the spectral smoothness" calculating 
circuit 808 is also fed to a bit division ratio decision cir- 
cuit 809 where the bit division ratio between the energy - 
dependent bit allocation and the acoustically allowable 
noise spectrum dependent ibfcallocation is^fduhd:oln 
determining the bit division ratio, it is assumed that the 
> larger the output value of the spectral smoothness cal- 
-cvculating circuit 808, the lesser the spectral smoothness. 
: Based on this ^umpti6n,^bit : apportiohmenPfe so 
45 made that;more emphasis: is put on^the bit 'allcfcdtion ^ 
r-i: dependent oh the acoustically allowable noise spectrum 
- than on the energy dependent bit allocation; Thebit divi- 
sion ratio decision drcuit 809 transmits control outputs 
to multipliers 81 1 ; 812 designed to control the propor- 
:so ; tions of the energy dependent ■■: bit allocation and -the 
- acoustically allowable noise spectrum "dependent bit 
.allocation. If the spectrum is smooth and an output of 
the bit division ratio decision circuit 809 assumes a 
-rvalue of 0.8 in order ' to put more emphasis on the 
55 ; ; energy-dependent -bit ■ allocation, an output of * the : bit 
: i division ratio decision circuit 809 to the multiplier 812 is 
set to 1-0.8 = 0.2, j Outputs of *e two i>multip!fersare 
, summed together by an adder 806 to give the ultimate 
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>bit allocation information which is outputted at an output 
terminal 807. 

Figs. 17,1 8 and Figs. 19, 20 show the bit allocation 
and the corresponding quantization noise, respectively. 
Figs. 1 7 and 18 show; the bit allocation for a smoother 
signal spefctrum^and- fbr a signal 1 spectrum^exhibiting 
high tonality, respectively.; in Figsl^; 1 18;-QS and^QN 
denote the signal level dependent bit quantity and^the ■ 
acoustically allowable noise level dependent bfr quan- 
tity, respectively. In Figs;19, 20, L/ NS and NN^dehote 
the signal levelrrioise reduction by signal leverdepehd-: 
ent bit allocation and noise reduction by the acoustically 
allowable noise .level dependents allocation,~respec- 
tively 'v .w.rrls ylzncyy ?y:; -y^,: c": ryy&'i; .y 
Referring first to Fig: 1 7 showing; a smoother signal 
spectrum; *-Jthe i acoustically? allowable j noise ^level 
dependent bit allocation s useful for achieving a signal- 
to-noise ratio which is ;higher for thV entire frequency 
range. However smaller numbers: of bits 1 are* used for 
lower and higher frequency ranges because of low sen* 
sttivrty of thaihuman ear to ? =these! frequency ranges.: 
Although the quantity of bit allocation diependent on. the 
signal energy levelis small, more emphasis is put on the 1 
mid to low frequencyranges having' high signal levels in- • 
order to prbduce'a white nbise spectrum. :teL? y<yv:.25?- 
On the. other hand, if the signal spectrum" exhibits -y.;v 
high tonality, as shown in Fig.18, the signal energy level ^ \:r 
dependent bit allocation becomes prevalent, such that- . 
the decrease in thequantizatibn noise is utilized for low^yy- 
ering the noise of ; an extremely: narrow: band. ^The cons. -.-son 
centration of the acoustically; allowable; noise - level v 
dependent brtallocation is less stringent. > ■ um;b : : i . 

The sum of these two. brallocation sorts results in< , > :: 
improved characteristics of a lone spectral.input signal, .:n; y: 
as shown!'ih;Fig^T3. ! 9i njnrv ^y yy - rus-y^e g;di;£ nh-vSr 
The f (^quantization and the second:quantization< 
are carrietfoutiritfie following manner. with-the aid of ; 
the bit apportionment not, including channel; bit alloca- 
tion and the bit apportionment including; channel bit alio-; 
cation realized as.diescribedi above. , r rcrei ; : iS: - 

References had ;to: Fig.21 . The channels ramong 
the eight channels to which i bit allocatioaexceeding: 147 
kbps is done.by the bit apportionment including channel 
bit allocationrare. the channel GH1, channel ;CH3 and 1 
the channel eH7.oM^n : i; ^ > ; ; ; j? ^ : 0r , , , 
Each channel for which :the bit allocation including; ... 
the channel -bit;- apportionment exceeds 147 xWpps cis 
divided into a portion having a certain bit quantity, such 
as 128 kbps, ^as; a;;maximum value, :and a portion 
exceedingr128^kbps., ;-: . ; e<: -: y ..^ ; v.y so y 

Fig.22 shows an illustrative construction of a circuit . 
employaJ fohthis purpose. * y- j ho, r : . r 

In the construction of Rg:22, respective samples of. . 
the bit apportionment scheme,: in which this bfcafloca- 
tion including bit apportionment exceeds 1 47 kbps, are ss 
subjected to.normalization with respect to blocks.for plu- 
ral samples, that is to block floating.- At this time, the. , 
scaling factor as ;a coefficient indicating the degree of r 
bloc* floating isobtained. ; : - 
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In Figi22, an^MDeT)Coefficient-(MDCT sample) 
supplied via an input terminal 900; to a normalization cir- 
cuit 905 where^block floating, -that is block-based nor- 
malization, is earned outswith plural .samples as a unit, 
i * At this time^scaling factors are produced as coefficients 
. : indicating. theextent of bloeKfloating^v^vjoi .wi y yr 
^ A first quantizer 901 ofithevne)rt^age:carries out 
quantizatioh with :each ^sample- word ilengfcof the: bit 
apportionment not including therchannel bit -allocations 
ccAt this time,* quantization by- round-off is carried out for 
reducing the qiiantization noisetrJA quantized output of 
the first quantizer* 90 1isWe basic information, ?sn ,509 .5 
Outputs <of the normalization circuit (905 ^the; 

• quantizer 90 t are:supplied to a different; unit 902 where - 
; the difference between the input and the output of the ' 
- quantizer901/that is a quantization error, is found: Am 

• output of the difference unit 902iis transmitted via a nor-;.! 
realization circuit 906 to a second quantizer;903,; - f * c y 

The second quantizer 903 employs, from; sample to 

• sample, a word lengthcoka difference t between ;each r- 
h. sample word lengtteofthefbit apportionment including 

the channel bit allocation andreach sample word lengths 
of bit apportionment not including the channel bit adoca-v 
-tion. The floating coefficient at this time is automatically r 
determined from the word length and the floating coeffi-: 1 
rdent employed imthe f irst quantizer 901 ^That isKif the s. 
> word length employed in theiirst quantizer 90tis-N bits,/; 
the floating coefficient employed rn the;'second>quan-^ l 
-tizer 903 is2**N;: v ; ■ .3rr :\y}y%y ;;n:bo;^i3 ."St c- 
£■:■!■ The second quantizers 903v effectsirbitrallocatiori!: 

• including ■ roundTOff ! in the same : way: as-the f irstrquan^* 
tizer 901. A quantized output of the^secbnd^quantizer i 
903, that is the quantization error information ^from: the":' 

;first quantizer 901, is:the:suppiementary;informatibn. iut > 
Thus the;bits of a channel to whjchibits<exceeding r 
-147 kbps have: been:allocated by therchannel bit appor^ 
.tionment including channel bit allocation are divided into - 
a bit apportionment portion not more thari?1 28 kbps and ; ; 
as close to;128 kbps as possible and;a;reimaining: bit ' 
appointmentportion:, ■ ^yy^ :v h ^ ifH uo fir r : . 

The reason two thresholds of c1 28^ kbps :ahd 1 47 . 
kbps are provided is, as follows. ; Since the remaining bit . 
apportionment: portion is.also in heed- of the. subsidiary v 
information indicating the: word:length, t|47 i kbps is set ^: 
as the minimum quantity which permits bit allocation of *ir 
assuring a data region inclusive: of the subsidiary: infer- r 
^mation. If the bit apportionment :qUantrtyrincluding the : ; 
channel bit allocation: exceeds 12&fkbpsiand isvlower 
:than 147 kbps, only the subsidiary information can be 
written in the data portion exceeding 128,kbps, such : 
that there is no room for writing the sample information, r, 
which would be meaningless. For this reason, the above 
value of 128 kbps is set so that, for such channel, bit 
apportionment not including the channel bit-allocation 
will be smaller than 128 kbps and as close to 128 kbps * . 
as possible. 

As for the channel for.. which bit :apportionment * 
including the channel bit allocation. is smaller than 128:. 
kbps, such channel bit allocation is directly employed. 
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f As fori the . magh^^ of: the ! 

remaining bit: apportionment portion, i rsince,: the r scale t 
factor can ;be: calculated :from* the word Jengthcand the : 
scale factor of the M apportionment (1);; as shown in; 
Fig.22, only the word Jehgthjis required by; the decoders 

In this manner, rounded f highly 'effidient quantized- 
outputs may be produced by the quantizers 901/903. nr. 

In a decoderpas a counterpartjunit for the encoder- 
of Fig.22r denormalization circuits -j908' f :-i907:care-pro*:; 
vided for ^carrying: out denormalization dm connection : 
with the operation icarried^out by th& normalization dr-;; 
cuits 905, 906, respectively. Outputs of these denormak; 
ization circuits 908;>;907, are summed, together by.an; 
adder 904; a sum output of whichJs takervout at an out- c 
put terminal 91 0. a r en r;.::« h;,^ $n; f^viso 

Fig.23^ shows theoconstruction of an expansion : 
decoding circuit whichris a counterpart device of the: 
compression encoding ^circuit: shown; in ; Eig.4:: The: 
expansion decoding circuit of ;Fig.23(decodes;the com- 
pression coded cSignah for; one ^of respective channels 
read out from the medium ofcthe present cembodiment ? 
by e.g M a magnetic head or aniopticalrhead-as repro-r 
ducing means.?; f\C iunfis'o ~ri: piubijbn: ton inemrrcii -0': 

Referring! tor Fig.23; quantized i MDGH coefficients ■ 
for the respective bands are, fed to input terminals: 122, 
124 and 126 of the diecoder, -while thet:bIock: size:infor-; 
mation and :the informations adaptive i bit validations 
which have been ;employed are fed to wput terminals 
123, 125 and 127. Decoding circuits 116, 117 arid 118; 
cancel bit allocation/ using the information on the adap- 
tive bit allocation; randi effects expansion and decoding- 
using the block size information; o n-mo A 

IMDGT;circuits 113p 114 and-115:convert^the fre-: 
quency-domainlsignal into^the time-domain signal. ^Fhe 
time-domain signals of the partial frequency ranges are 
decoded in IQMFJcircu'rts 1i12 and ^IHunto fullnange; 
signals, ojmi babvit nc^sooHfi Jici isnnsri'; unibu^v : 

In the ; expansion decoding dreuitpthose fractions 
having the pre-set bit quantity, such as 128 kbps, as the 
maximum bit quantity and those fractions havingrthe bit 
quantity exceeding 128 kbps in the; channels where bit 
apportionment (1):with 128 kbps of bits or less induding 
the channel bit. allocation: and bit: apportionment (2) 
exceeding 147 kbps including the channel bit allocation 
are carried out are decoded by the decoding circuits 
1 1 6, 1 1 7 and 1 1 8.5 At this time, the two f ractions;bf the 
channel bit apportionment (2) are decoded:and subse- 
quently the respective samples areisummed together to 
give highly accurate: san^les/f iiiD^due 5'i v- 

As for the manner of arraying the resulting data of 
the respective channels.rthere are arrayed,rin a sync 
block, '^y-'k vn\ -v-i z-/y\-rAvs<'\r. r. : :..v. ... 

(i) channels where apportionment of bits with less 
than 147 kbps, including the channel bit allocation, 
and : 

(ii) the fractions of channels exceeding 147 kbps, 
including the channel bit allocation, in each of which 



a certain bit quantity, such as 128 kbps,<js the max-; 



imum, 



^ according/to the channel sequence. Next, the fractions, v 
* 5 ^ of channels exceedingj147 kbpSi;induding -the:diarinel 

; bit allocation;:: inueach of which a^certainibikquarttity;;:: 
; \ such as 1 28 kbps, is exceeded; are arrayed in, the chan- 1 
?: ,..-:.^nel sequence.: l vhpe^p Jid r^rn-cp!.} r-rii 
:\ir. -c o.= Although: the: number^ of channels; is weight in the: 
i io i above-described embodiment,! it;may also: be five, -in M 
; ; ::which case the channels in Fig.2 are comprised of a left r 
■<< ■ ': /center channel^ a center-channel,; a subrwoofer ehanr r 
nel, a right channel r a:suftourd: left channel and f a sur- ;' 
iround right channel. For these five channels, shown in 
- 3:15 Fig.24, the first quantization/and the second quantiza- 4 
. :tion are carried out using the bit apportionment include 
-> tuning channel ^allocation and - bit ^apportionment: ^nofc;:. 
b: including channel bit allocation in thesfpllowing manner, r 

The bit allocation for the five channels may be per-: 
^ formed as shown tin-Fig^olmthe casecof Fig^^e : 
? a : channels among the eight-channels in which bit appor- o 
: : : c tionment exceeding 1 47 kbps is done by bit apportion- - 
, ment including channel bit allocation are channels: GH1 r 

• ' > and CH3; The channels vyith smailer number of bits of o 
25- j bit allocation, such as channel: CH 6 of Fig.24 or the ; 
- -channel 8 of Fig.21, may; be exemplified by the above-- 
-M : mentioned sub-woofer channel. ,t -i x:A ; n w;;ria 
■^>i\ b*^ An illustrative construction, of a, modification :of as 
■ 0? to compression encoding, circuit effecting bitoapportionh: 
? 36 ment among respective channels is shown in Fig^S. in^ 
y.nx which only one channel is shown; o: b e n: :o k 
>■ x s In Fig.25, digital audioi signals of only onexhannel ; 
£ among plural* channels of the basic information are fed : 
s k ? ^toan input terminal 301 .5sosca one r ;o ^ r*;o b 
: j 35 The digital audio signals from the input terminal 301r 
^ \ are temporarily storeddnja buffer 302 from which.data 

.>•*---! are taken out as data blocks eachrconsisting of Nl points- 
:n : ;or N samplesj^withnneighborihg samples i being ;dver^i 
: lapped by 50%icThe block-based data are transmitted to: 
r40. an orthogonal transform drcuit 303sso^as;to be:orthogr 
onal-transformed :by the above-mentioned MDGB and : 
h : s i modified discrete: sine transform (M DST): . [ o: <.^nn i 
: The coefficient data from the orthogonal transform- 

: odrcuit 303 are compressed by a sub-band block floating ~ 

• -45 - point compression circuit 304. The coefficient data, that 
. ; is the basic information;-from the sub4)and block float-ri 

: : : ing point compression circuit 304, is fed via a terminal ' 
; . 320 and terminals^ 320 Jor^ the respective channels: 
•shown in Fig.26 to a fog spectrum envelope detection 
; so : circuit 322, while being also fed to an adaptive quantiza-: 
tion circuit 305 along with the supplementary informal 
■■^ : tion, that is the subsidiary information: (compression ; 
: _ conversion coefficient information) from the circuit 304,- 
: : : .such as the wadMength information or scaling factors. :; 
55 : The adaptive quantization drcuit 305 is fed via a • 
; terminal 321 associated .wMveach; channel and via a 
terminal 321 of Fig.5 with the bit allocation information 
- from a distribution determining circuit 323 which deter- 
mines the channel-to-channel bit apportionment based 
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^upon the envelope information detected by a spectral The above-described compression encoded digital 

envelope detection circuit 322. The>*adaptive quantiza- audio signals of the respective channels are record^ 
tion circuit 305 adaptively quantizes the subsidiary infor- on the motion picture f ilm 1 shown 1 in : Fig. 1 d: That is, the 
mation and the coefficient data of-each-channel based compression-encoded digitaf audio signals' of at least 1 
upon the channel-to-channei: bit apportioning informa- s the left chahhel^cehter channel^ right channel, surrbuhd" 
tion. The adaptive quantization drcuit 305 outputs an : , left channel, surround rightchanner arid th& sub-woof & 
adaptive quantization output (quantization conversion ; channel are recorded in the first regions 4 between the 
coefficient information)vand the bit allocation informa- perforations 3 - of- Fig: 1d; j - while -the- compression 
tion. These outputsof the adaptive quantization circuit encoded digital audio signals of at least the f left center 
305 are routed to the above-mentioned multiplex insert 5 - channel, right center charinel^mixed left channel; center 
frame synchronization arid error correction drcuit 306;- channel arid the mixed right channel are r^rded in the^ 
The • multiplex 5 Insert frame synchfbnizatibn arid r ; longitudinarseicbrid^egibri 5 of Fig; Id? 1 The audio sig- 
error correction "circuit 3*06 multiplexes, for each chart- nals of the'hwltiple'chahriels in their Entirety are prefer- 1 
nel. the adaptively quantized coefficient data and the" : ably recorded with^ overlap" in the first 4 and ^second 
subsidiary information ^quantization conversion coeffi-' is 7 regions. * r s .; r / ;o r ; , : ? ; c o. nv ■•/ 
cient information)- iahd We bit allocation information, Thus, even if the riiotion pifiture film of the prVseril 

adaptively quantized for each chairirieli arid apperids ah 1 embodiment is severed during kiiting thereof, the cfigitaf : 
error coftrekrto^ audio S ignals r of the" respectiv^^ <^arinels : may be 

processing the resulting data with insert fram^%ynchr6^ ; ' restored r usin$ -the irifdrratibri' recorded -in r th& first 
nization for recording the data in regions 4 between neighboring-perforations 3 or in the 

4 of Hg.1V^ 'output longitudinal second region 5. Above all, if the^first 

chronizatibnand errbf cbrr^bh^circuit 306 is the com- : regions 4, in which the basic information is recorded; -is j 
pression encoded output-^ severed, data of the center channel, left channel; stir^ 

An illustrative cbnfctwctibri of ah e)cparision decaf- round left channel, right channel and the surround rig fif- 
ing circuit as 7 ^a wuriter^rt device of the cdmpfessibh : 3 25 ; channel may be regenerated* using data-df the^enter 
encoding circuit channel, mixed left channel and the mix€»d right channel 

only one channel is illustratedrThat is? the Mansion- - recorded in the second regionJ -'-t :o ^iqn;«a 
decodingpdr&iit defcodes the compressibri encode dig- v > =■ Although -the"; motion picture; film ' is ; given -*Ss a y 
ital audio signal from each channel. wur- : - =c ;.\ medium in the ; above-dfecrfc^ r 

In Rg.27/the high efficiency; compression: encoded 30 shaped recording media, such as afropticaPdisc/ mag- 
digital audio signal is fed to an input terminal 21 0< This . neto-optical disc, a phaseTtransition optical disd or a r 
signal is processed with frame synchronization;^ dertiul- ; ^magnetic disc; - or ; a tape-shaped recbrdirig-ftiedium; • 
tiplexing ^nd error correction for the first area by a frame such as a magnetic tape; Way also be employed as the ^ 
synchronization demultiplexing error-correction :circuit - recording medium of the present invention- in Addition 
211. - -k? r;3ioo ^ ;-i;>o!d rzr^ Taua c3S : to the motion picture film. -uru 

The frame synchronization demultiplexing error cor- ^: Recording on the disc-shaped reeoitling^m^ium is ' 
rection circuit ,211 outputs: the -adaptively: quantized - effected as shown> for -example^ in ng.28^ That>is, l ih" ;C 
quantization conversion coefficient information and,the~ Fig,28, a recording track 9tprbvided'6n ah information f 
bit allocation information. <The bit:aIlocation information : recording-area 92 on a disc 90 is dwlded imo'arecbrcP 1 
is routed to a quantization step size control circuit 213. '40 ing area V* for * recording the second informatibrrahd a - 
The adaptive dequahtizationicircuit 212 dequahtizes the * recording area A for ' recording the f irsTdigital informa- 
quantization conversion coefficient informatioh based u tion. The second information recorded in Wrecbitfirig ^ 
upon the quantization step information Jromthe quanta , area V and> the * irst digital linfbrmatibri recbrdedMn^the ' 
zation step, size: control circuit 213. The quantization : - recoitfing area Amaybie'exe^ 
compression conve^ion coefficients from; the adaptive 45 information and the sound iriformatiori^respertiveiy: ^> ' 
dequantization circuit 212 are fed to a subrband block- The recording medium of the present invention may- 

floating point expansion circuital 4., , . also be a ^transmission vmed^ 

The subband Wod^ floating point expansion qrcuit : . - recording -milium as- described: above. An example of - 
214performs an operation which; is an inverse operation the transmission medium is a communication Network, i 
of that performed by the ; subband Wcx^ floating point . so in which case the communication frame is divisionally =• 
compression, drcuit 304 of: ;Rg.25.-An- output of the employed by the second information rand the first digital 
expansion circuit 214 js transformed into N-point sam- - information; In case of packet communication- for exam- ' = < 
pie data by an inverse orthogonal transform circuit 215 pie, each packet is divided into the second information 
which performs an inverse, operation of that performed and the first digital information. If, in case'of employing 
by the orthogonal transform circuit 303 shown in Fig.25. ss a transmission medium,:bits are allocated among plural - 
The Niwint sanple data are fed.to a wincfowjoverlap . channels, bit allocation is done among communication 
circuit 216 where the overlap is canceled for outputting - packets and communication frames of plural channels 
PCM aucfio signals which are outputted at an output ter- corresponding to plural bands divided from the trans- 
minal216. ; . • * mission frequency spectrum. 1 
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v With /: the ;ab we-desaibed information processing 
method ofjthe present embodiment and 4he information 
processing apparatus of; the present invention; sincejhe- 
first digital informationLis encoded and arrangesd in plural: 
regions proximate to/ the. information region in^which the 
second information on the motion;pic^re;film,1 l disc 90 
or on theqpmmunication network; is arranged prjn plu- 
ral regions;pn both; , sides; of,- the. information ; region M 
which the; second Jnfprmatjon ;is;arranged,?ithe second; 
information and the first digital information; may ;be cpr- : 
related with; each ;othej as to the positions thereof on*^ 
medium. On the other hand, since JBie.f irsfc dlgital jnf or- ; 
mation has nojt only the pre-setbasiG;informajiion;but 
also the subsidiary information forthe basis information, 
high-quality encoding or decoding of the basic informa- 
tion may be achieved , using the subsidiary information. 

In addition, since both the iirst digital information 
and the second information of the present embodiment 
include the sound information, the present .embodiment 
may be applied ^ to aa a Y^i^pf;;^ 
sound signals. ? ni II .i hivyjzz ':>:r- 

With : ^the^abpye-described (information processing 
method of , the present embodiment and the information 
processing apparatus of the present invention, since the 1 
basic information istpqmprised:ofLquantizedf samples, 
and the subsidiary ; information; is comprised of the re- 
quantized samples of the quantization terrors ; of llhe 
basic information* itis possiblelo improve the signaMor: 
noise ratioJn-encpding and decoding the basic informa- 
tion. Also,r.iassumi.ngithat;the basic information t is the 
information of a jiswerjrequency range thanithat of the 
subsidiary Hnformation n jt Js possible: to improve the 
sound quality^pf tiie acousticaHy CT frequency 
range signal if .the basic information is e g^he -sound 
information. r; :ir e h^ic: n-->.uv 

The pre:setmedjummaybeamotion^ 
disc-shaped recording medium or; a communication net- 
work. If the preset mediumiis a motion picture film, the ^ 
area of th9^n^m-pijptu;@ : 1il!Tti otbec^lhan rthac^picturo: 
recording area- 2 : may be ; effectiyely ^exploited by; using : 
the recording ar^s^ 3; trans- ; 

versely align^T^coixjing areas ^between the perfora-- 
tions 3 on both sides pf the film 1; longitudinal recording ^ 
area 5 betweenithe. perforations 3i and; the edge of the 
film 1, longitudinabrecording area 4 ^ between the film 
edge and the perforations 3 or ther recording areas 4^ 
between the perforations 3 as plural regions for the first 
digital information. vOn^the other ; hand, • by separately- 
arranging the basicjnformation and the subsidiary infor- 
mation in the recording regions 4:between the perfora^ 
tions 3 of one of the^ows ofthe perforations^ and in the 
recording regions ^frbetweenithe; perforations ^of the j 
other row of the perforations 3, it us possible to assure 
the region for, the basic; information and i the: region for - 
the subsidiaryj information, and .to: increase the amount 
of the recordable information:. :,-, on. o ;i ^ i* : :.c : 

In addition; it is possible to make effective utilization 
of bits by arraying the multi-channel sound information : 
as the first digital information, compressing the basic t 



information, and the subsidiary information as : the high ? 
: efficiency. encoded information, variably. allocating bits * 
■= . .to time-domain .samples and frequency<lo,main?sam: ^ 
-.' ii~ , \ pies of the basicJnformation and the subsidiary informa- 
5 ; : tion among-theidifferentcchannels and by.isetting the ; i 
- total bit apportionment for . the respective; information ! 
; -r; data to the„ totality ofithe channels :substantially/:con- v 
r stant. This mayibe achieved by resolving the bit appor- ; 
l c . ? tionment to channels to which more bits than a pre-set : 
^. reference ^quantity ]are>allocated>into a bit quantity frac- : 
tion for the basic information. and a difference bit quan-. 
jj- tity fraction -ai^vby -dfeding variable bit allocation, of 
: ; . ^ various sampj.es of the ! plural .channels- amq^ 

, entctonnels^The^ 
75. mation iSiaJDitappprtipnment^not exceeding ; tiie preset ^ 
reference quantity at most and the difference; bjtquan- 
, : tity fraction corresponds to the difference; betvveen .the 

r - bit allocation^ 
, ~. .channel M ; gta^jqn andiie Wt^ppprtlpnment forthe. 
20 basic jnformatioa not inclining the; channel bit alfoca- 
: tion. The sample data^ncerning the ^apportionment 
' for the subsidiary information can be given as a differ-, 
l ence between sample data obtained from bitjapportion- 
ment including channel bit allegation; and sampfedata 
25 ■ obtained from bit apportionment not including j channel 
bit allocation, whilst the scale factor for sample dataot 
■ n:0 ;vthe subsidiary information may be found frorn the word 

r length and^^esfe^ 
r ,, r .. J; ~ basic information. i^n^rb w;.ui <*ov iF.ng* 

r: in the present embodiment,; the same! quantization 
is carried, out for respective sample data-in small-sized 
blocks subdivided along time and frequency :The sam- 
ple data Jn the; minhblock are: produced: by effecting 
blocking frequency analysis by orthogonal transform, 
such as MDCT, for each block composed of plural sam- 
ples, during:encoding> and by?blocking frequency; syn- 
; y k thesis by inverse orthogonaltransfornvsuch as IMDCT, 
during decoding. toThensanple :data: may * also be* 
l -obtained by effecting nonlocking frequency analysis 
jo ;.by QMF during ertcoding and non-blocking frequency 
i u ; synthesis by; ;IQMF. during decoding. With the present 
embodiment, the frequency bandwidth of the non-block- 
/ b ing frequency analysis may be equated for at least two 
c; lowermostcbands : and : set so^asi toi ber broader-with ; 
45 - increase ^.frequency for matting to the psychoacous- 
tic characteristics of the human auditory system: For the 
blocking frequency analysis, the block size is adaptively 
, , . changed to e.g. a long mode or ::a short mbde, and such 
■ change in. the -block size is effected independently^ for 
so output frequency bands of at least two non-blocking fre- 
, .rquency analyses 2 for assuring frequency analyses con- 
<?>n r forming to characteristics^of the input signals. ^ ^ - " ;; 
:; With the preset embodiment, bit allocation conform- 
i ing to the -characteristics of the input signal is achieved 
55 : by changing the sum of the bit apportionment portion of 
: ; ; >the basic information of the respective channels and the 
vk bit apportionment portion of the subsidiary information 
v ; in dependence upon the maximum sample magnitude 
or the scaling factors of the respective channels, chang- 
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Jng the channel-to-chahhel bit apportionment by chang- ^ 
ing the time charige of the charine!-td-channel scaling ^ - 
factors for Changing the dhaririel-tb^channel bit appor- - 
tionment or by changing the time change of the cban- v >* 
nel-to-chanoel scaling factors fonchanging the channel- 5 
to-channel bit apportionment*! noioiM ^booM w 

With [--the information; processing apparatus- of- the^ 
present embodiment^ each sync block is divided into a 
group of samples of the bit apportionment *of the. basic ! 
information apportioning the bit quantity * exceeding a 10 
pre-set refereneeoquaritity for -plural ^channels ' and f ^o\ 
another group of samples/of: bit 'apportionment of the ^: 
remaining) silibsidiary^infbrmation and ; the information ? J ■ 
thus split is recorded- occasionally alternately; :on; the 
pre-set medium by a magnetic head or an: optical head 
as recording means; The expansion decoding circuit of ; - : / 
the information: processing apparatus' of the: present : . 
embodiment is designed to c effect decoding-and repro- i 
duction from the bit allocation^ sample .groups of the '■: 
basic information ard subsidiary information recorded ^ 20 
in separation from each other in one: sync bloc* bri; thee ' - 
pre-set medium so that the bit allocation sample groups " 
may be decodedand reproduced even if thesesample Vv 
groups are alternately recorded oh the channel basis: It -:i 
is possible with thedecoding means to detect the chah- r . 
nel having a bit quantity exceeding the preset reference -x 
quantity since ^the^bit apportionment 'quantity-; to ther 
channel is set so as to be largenthan or-equal tdthe ref- b 
erence quantity of the subsidiary,:ihformation^smaller: - 
than the pres-set reference quantity. 

With the medium of the present embodiment, the 
information encoded by the information processing 
method or the information procesising apparatus :of the> v / 
present invention are arrayed and the area utilizable for o 
such arraying is effectively utilized for improving the 35 
quality of the arrayed -information, io ;«v &r;i gnihc^-c 
It is seen ;from above ;that^ with? the/ information 
processing method and apparatus of. the presenttjnven- ; 
tion, since it is possible to'encode the first digital infor- 
mation and uthe ' encoded frst digital : information; is 40 
arrayed in,plural regions proximate to the information 
region onthe.pre-set medium in which the second irifor-. 
mation is arrayed and in plural regions on both sides of 
the information area in: which the second; information is 
arrayed, the -second /information rand thevfirst 'digital 45 
information may becorrelated.astothe position .thereof 
on the medium. On the other hand, since the first digital 
information, has not only the pre-set basic information 
but also the subsidiary information of the basic informa-: r « . 1 
tion, it becomes possible to effect encodingand decod-- iso 
ing of the basic information using the subsidiary 
information with high quality.!; i ; :c oo-\ r 

On the other hand, since the.f irst digital information 1 . 
contains the sound information- and-the second:Jnfbr-~x 
mation also has the sound information, the present 55 
invention may be applied to a variety of equipment ham , 
dlingthesound/i , ,. 1 

With the information processing method and appar 
ratus of the present invention, since the basic informa- 
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tion is the quantized sample- and the subsidiary. 
V information is the re-quantized sample otthe quantiza- 
tion error of the basic^'nformation, it is possible to 
^improve the signal-fcMioise ratio in ; the encoding and 
decoding of? the basic information: In' addition, if . the 
.basic information is e.g.^ the- sound information^the lovy 
frequency range which isacoustically crucial if the basic 
-information is the sound information may be improved in 
quality, -orrw;; v;;-r:':.;o?.- % . ^r.'^-niri ■-■;.< :v 

ii The pre-set' medium may be a motion picture film, 
r disc-shaped recording medium or a communication net- 
work. If the ! pre : $et medium Is a motion picture filhtf the 
; plural regions! for the iirst ^digital- information -may be j 
regions between differkit perforations, between alight 
perforations on both sides of the film; betweeh : the per- 
forations and the film edge," between this perforations 
and the filnf edge arid between perforations, for effec- * 
Jvely utilizing the regions deluding the picture record-* 
ing regions of the mcrtiori pidure fOm 
regions for the basic information' ^ 
information 'may ; be obtained 1 by separately arrahgihg 
/the basic^inforifiation and the subsidiary irifdr ffiationi - 
between perforations of one of the rows of perforations } 
and between perforations of the other row of perfora 1 
tions. - 

In addition; ! according to the" present invention,' 
effective bit utilization may be achieved by arrayihg the ■>• 
multi-channel sound information' as the firstcdigital infor- 
mation, conrpressing the basic information and the sub- 
sidiary information / as the ■ high-efficiency 3 encoding - 
: iriformation,^variably apportioning bits;for time<fomain 
or frequency-domain samples of the, basic information 
and the subsidiary: information among:plural:channels 
and by setting the total bit: apportionment quantity. 1 for 
the entire channels of the sum of the bit allocation quan- 
tities for the respectiveinformation data so as to be sub-- 
stantially coristantnThis may be achieved; by resolving 
the quantity of bit apportionment the channels,' to which 
a bit quantity exceeding a : pre-set reference: quantity is 1 
to be apportioned/ into a bit quantity portion of the basic ■ 
information ^which. is the ; bit ^allocation not: including ::. 
channel bit ajlocation not exceeding a pre-set constant : 
quantity at most; and a bit quantity portion equal to a dif- 
ference between the bit apportionment not including the 
channel bit allocation of the; basic information; and-bit 
apportionment including channel bit allocation bit as bit . 
apportionment for the subsidiary information,, and by " 
effecting variable bit apportionment of the sanrples of ^ 
the plural channels among different channels: The sam- 
pie data concerning bit allocation to the subsidiary infer- ; * 
mation may be given as the difference between sample -* 
data derived from bit apportionment including channel 
bit allocation and sample data derived from bit appor- 
tionment not including channel bit allocation;* while scale 1 . 
factors for* sample data of the: ^subsidiary information 
may be found from the word length and the scaling fac- 
tors for the sample data of the basic informatioa : 

In addition, according to the present invention, the 
same quantization Js carried out for sample data within 
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the small-sized blocks divided .along time and fre- 
quency. The; sample data in the mini-blocks are pro- : 
duced by. effecting pre-set blocking frequency analyses 
for each block made up of plural samples during encod: :■ 
ing and by effecting pre-set biockingfrequency-synthe-.; 
sis during, decoding.^; Alternatively, .*e sample i data in y 
the small-sized; blocks may ; be produced . by . effecting :; 
pre-set nonlocking frequency; analyses during encod- :-i 
ing and by effecting pre-set blocking frequency synthe- 
sis during,, decoding., .The frequency .width rfor^non- 
blocking frequency r anaiyses m 
least two lowermost; frequency bands; qr set so as to be ; 
broader with increase jn frequency jn at least the high- 
est frequency bandfpr optimum matching to the. hearing 
sense. For nqn-blpcking frequency, analyses and for 
blocking fr^uency, analyses, polyphase quad^ 
ter or the quadrature mirror the mcxitfied dis- 

crete cosine tran^qrm may l^eenploy^ 
For bloc^ng frequency analyses, the blc^iize may be 
adaptively changed depending^ the time ^characteris- 
tics of the Input, signal. The block size may be changed 
independently f for each.pf the putput bands ; of at least 
two non-blocking frequency analyses for achieving fre- 
quency analyses suited to characteristics of the : i^ 
signals. 

According to the, present invention;; bit:allocation 
conforming tothexharacteristics-;ofcth^ isi ~ 

achieved by changing the sum of the bit apportionment 
portion of the basic informations and the: bikapportion- ; 
ment portion oithe subsidiary information to therespec-* 
tive channels oin, dependence upon; the vnriaximumv; 
sample magnitudes the.scale factors ;of the respective 
channels^-changing ithe channel-to-channel bjt^appory; 
tionment by; timeichanges of*e' amplitude information i 
of peak or mean values or energy.values of information 
signals of-the respective' channels^or: by nchanging^the;- 
time change ot the phannel-to^annel' scaling factors 
for changing the^channel-torchannel bfcapportionment: 

With the; information processing ^apparatus) of Re - 
present embodiment each sfync block is tfivided into a ; 
group of samples of the bit apportionment of the basic: ; 
information-iapportioning the*bit>quantity- exceediriig a ; 
pre-set references quantity fotiplural nchahnelsa and^ 
another group of: samples of bit apportionment : ofcthe * 
remaining subsidiary; information; oand: the; information; 
thus split is: recorcied -occasionally^^ 
pre-set medium by a magnetic head or an optical head ! 
as recording means. The expansion decoding circuit of 
the information processing apparatus:^- the^present =. 
embodiment is designed to effect decodingriand reprov 
duction from: the bfcallocation sample? groups of the 
basic information r and the subsidiary : information 
recorded in separation from each other incone sync 
block on the pre-set medium; so that the bit allocation 
sample groups may be decoded and reproduced even if 
these sample groups are:alternately recorded on the ; 
channel basis. It is possible with the decoding means to 
detect a channel having a, bit: quantity: exceeding the 
pre-set reference quantity allocated thereto since the bit: 
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apportionmentiquantityrtoihe channel is set so as to be 
larger than : or, equal to>the referencfe quantity. for the 
subsidiary .information smaller, thanthe pres-set refer-: 
ence quantity^ wi to s^b t.ri; piiOiw: tf ! 
"O It is seenifrdm^above-thatraccordingUo the present 
invention, the recording region of the recording! medium 
is divided into;a first regiorj atx^ a jsecond region, and 
;the basic information of plural channels is recorded in 
the first region, whilst the remaining subsidiary informa- 
tion is recorded^in xthe .seconds region.nlf ithe region ; 
.between \he film perorations is the first region and the 
longitudinal region is the secpndt region,; reproduction is 
possible usingthe remaining information during subse- 
quent reproduction .even: although ;the ; information 
recorded in one of the regions is lost ; o :• c r-.-.. 
: ; Next, with the medium of the present invention, the 
: arrayed information may be improved in quality by array- 
ing the information encoded:by , the present information 
processing method and apparatus for effective utiliza- 
tion of thearrayable region.i ; v ^ ck^uo -5 x> ; ; 
in According.to;the.present invention, since the quan- 
tity of bits employed for encoding the basic information 
and the subsidiary information maycbe -inaeased not: 
only in the compression: encoding of high sound quiaiity 
and high picture quality but alsoin the encoding of the 
sound or picture^ without i compression encoding and 
decoding of high; sound and picture .quality may be 
achieved, while/ thereiimay be provided a medium; on 
which the encoded information is arrayed. • ic v : : : . :: 



Claims 



1 . A method ^processing the information compris- 
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2. 
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4. 



encoding the first digital information to be 
arrayed in plural regions proximate to informa- 
tion regions on a pre-set medium in which the 
second information is arrayed; and/or. ^ ?. 
decoding the encoded first digital information" 
arrayed in plural regions proximate to regions 
on the :pre-set medium * in which t the second 
information isarrayed; ^ \r-jk\ n! rcs oev^n?-: 
said first digital: information having the preset 
> basic information and the subsidiary informal 
tion for completing.thebasic informations ^ 

The method , for ^processing , the information as 
claimed in claims; wherein said first digital informa- 
tion includes the sound information, a ; 

The method for processing the information - as 
claimed in claim 1, wherein said second information 
includes the sound information. = 

The method: for : processing - the information ; as 
claimed in claim 1 , wherein said first digital informa- 
tion is^the basic information among said : plural 
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channels, and said Second information is other sub- 
sidiary informations 3 .•• - v Sr'-c 

5. The method for processing the information as 
claimed in claim 4, wherein the basic information of 5 
the plural channels includes the audio information i ^ 
of at least a left channel, a center channel and a 
right ichannelf hndwherein the subsidiary^informa- 
tion includes the audio ;information r qf at least a left 
center channel and arightcenter channel. $ • w 



6. The method for processing the information as 
claimed inianyrone%daimst2 t6^5;^whereih said 
basic information is the information of atfrequehcy 
bandlowerthan that of said subsidiary information. 15 

7. The method for processing the information -as 
claimed in any one of ; claims-2'tb 5, wherein said 
subsidiary information; is a>requantized; sample of 
the quantization error of the ;basic inf or mation ;j - 20 

8. The method for processing the information as 
claimed .in> any one of:daims;1tor7,= wherein said 
pre-set medium: is a motion picture film; 



15. The method for processing - the information as *. 
claimed in claim 8; wherein said basic information 
and : the -subsidiary 'information are ^separately 
arrayed 1 between perforations of =a row of perioral 
tions and between perforations of the other row of 
perforations;; ^: n: < n* iVi^vr.'-n :r>; b-viiv-^ f 

16. The ^method for ^ processing: cthe > information as > 
claimed in claims 8;:1 3,;1 4 or 1 5,- wherein multk: 
channel sound signals are arrayed as saidl irst digT= * 
ital information, h 1 ; c : ■: > o^'^.-u>:r: ->^:\o\c it^o k* r.;. 



9. The method for processing the information as 
claimed in any one oficiaims?1 to 7, wherein said 
pre-set* vmediumc is cai disc-shaped recording; 
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10. The method -for processing^thecinformation ^as 
claimed Jn any one; of claims 1 Jto ^wherein said ; - 
pre-set medium is a communication network; -nr-*: ; c 

11. The method for processing the information as 35 
claimed in claim;8i.wherein;said;pluraltregions:for r-i 
said : first r digital, information) iareothose;. regions j . 
defined between the perforations of amotion pic- . 

ture film. ..'OiJBrP ;oV , :;; > - ^ - 

40 

12. The method for processing^the information as •■■ 
claimed in claim, 8, I whereinisaid :plural < regions for r 
said first digital rinformatiomcare ^ those regions- 
defined between aligned perforations on both sides 

of a motion picture film j; pr,i53v-?o;^ -;4 ?w:s-:.v 45 

13. The method for processing the information as 
claimed in claim 8, wherein said plural regions for 
said first digital information are those regions 
defined between the perforations: of a motion* pic-: \so 
ture film and an edge' of said.motion picture film. 

14. The method for processing the information as 
claimed in.claim .8, wherein : said plural regions .for ■ 
said first ; digital information^ are those, regions 55 
defined between .the perforations of a motion pic^ 
ture film and an edge of said motion picture film and 
between the perforations. > 



17. The method -^for: processing , the:- information ^as - 
claimed in claims 8, 13, 14, 15 or 16, wherein said^ 
basic information and said' subsidiary^ information- 
are the high efficiency encoded information. 

18. The method; r for ! processing vthe information ' as- 
claimed inclainvl 1\ wherein said basic information r- 
and the subsidiary information are time<iomain or > 
frequency^omain-samples, 'variable -bitvallocation 
is performed on said timekJomain and tfrequeridy- H 
domain samples of plural channels and wherein the ^ 
apportionment of total bit allocation quantity^ the 1 
bit allocation quantity for the basic: information 1 and ^ 
the bit allocation quantity of the subsidiary informa- 
tion, summed together; to the entire channels; is set 1 
so as to be substantiallyconstahfc ■■ l : n\m. m sorm 

19. The method for . processing*;^ information "vas ^ 
claimed in claim 17,v -wherein 1 scaling factors "for ^ 
sample data of said subsidiary information are 
found from the scaling factors and word lengths of 
sample data of said basic information. :* ^jImi n\ -h; 

20. The method for processing the information as ' ' 
claimed in any one of claims 17 to 19, wherein a bit 
alIocation^quantity 4o^6ne r of : plural channels3.to ^ r 
which a bit quantity /exceeding a pre-set constant 
reference quantity is allocated is resolved into a- bit °* 
quantity: plortion 'of the: basic: information which -is 
the bit apportionment not including channel bft allo^ r 
cation and not exceeding said reference quantity at 
most, and :a bit quantity portion : corresponding ?to r 
the difference between 1 bfti apportionment -including r : 
channel bit allocation as bit allocation of the subside^- ' 
iary information and bit apportionment not including* • 
channel bit apportionment of said basic informa- 
tion, and wherein variable bit - apportionment ^ is - 
done to time-domain or frequency-domain sanples ^ ■ 
of plural channels from channel to channel. M> ; \c m*: 



21. The method for? processing the: informatibn^ as ' 
claimed in claims 17. or 20/ wherein said sample ^ 
data of bit allocation of said subsidiary information ■*■ 
is given as a difference between sample data 
obtained from bit apportionment including channel 
bit allocation - and sample data - obtained from bit *= 
apportionment not including channel bit allocation.- 



41 



EP 0 734 019 A1. 



42 



22. < The method for processing the information as 1 

claimed in any ione of claims 1 7 to 21 , wherein the - 
same quantization is carried out.of sample data in a 
small-sized block divided along time and.f requency. : . 

23. The method for processing the information i as 
claimed in claim 22, wherein for producing sample 
data in a small^sized block divided along time and ^ 
frequency, a>pre*et blocking frequency analysis 
comprising ; f carrying : out. frequency analyses \ for 10 
each of plural blocks consisting of plural samples is • 
carried out during encoding and pre-set frequency 
synthesis comprising carrying out frequency syn- 
thesis; for data processed with the blocking fre- 
quency analyses is carried out during decoding. ) ; 15 

24. The method for processing the information as 
claimed in claim 22, whereiafor producing sample ; 
data in a small-sized:blQck divided along time and 
frequency, a prerset non-blocking frequency analy? \ 20 
sis comprising carrying ^ out ^equency ranalyses p 
without blocking is performed during encoding and ; 
wherein pre-set non-blocking frequency synthesis - 

is performed on: data processed with pre-set non- ; 
blocking frequency synthesis.:: :di wi; i-z ::■■; = ■■y^zc '-in 25 

25. The method for) processing the information nas 
claimed in claim 24, wherein the frequency band- 
width of said non-blocking frequency analyses is 
selected to be broader with increasing frequency in 30 
at least the highest frequency band. T; ;.:,.<•• 

26. The method for processing the information as 
claimed in claim 24 or 25, wherein said blocking fre-jn ; 
quency analysis is modified discrete cosine trans- 35 

form.;- r>c^n.yv •;. ■ \-r-/, J rornv . 

27. The method Joe processing the information-; as : , 
claimed in any one of claims 24 to 26, wherein block 
size in said blocking frequency ianalysis is jadap-^ n- 40 
tively changed depending on time characteristics of n 
the input signal; - : -y.:i;:: : ;-- u--zw-rrQ$a& . .-■ ' 

28. The method Jor^ processing the informationvas ^: 
claimed rin claim : 27, . wherein the block size .is: 45 
changed independently for each output of at leastr b : 
two of: the non-blocking frequency analyses, - r v ^ ; 

29. The method for t processing, the information: as ir 
claimed in, any one of claims 18 to 28, wherein the - so 
sum of bit allocation portions for.the basic informa- ; 
tion and the bit allocation portions for said subsidi- 
ary information for respective channels is changed 
depending on the maximum sample value or the 1. 
scale factor ot each channel, v : ; ^ " ^ss 

30. The method for- processing the information : as 
claimed in any one of claims 18 to 29, wherein the ; 
channel-to-channel: bit apportionment is changed - ;: 



with time: changes; in amplitude information pf an 
energy value, a peak value or a mean value of infer-/ 
mation signals of each channel. 

An apparatus : fpr processing ithe information com- : 
prisingr^v.-oioi oiL. -f- <?rij ^rxr;r; wwzfh :-\?) ■ 
s ■•f.rnsrb >v r 0 j fi ,jsr:r.£fto ;>sr £ 
encoding means for. ©icoding vthe -first- digital 
information to be arrayed inplurakregionsprox- r 
imate to ^information^ regions ron: fan preset 
medium in which the second information is 
arrayed; and/or o.lf Qn\*c$~. ^ oONorn 
decoding: means for decoding the encoded first 
digital; information arrayed in -plural regions;: 
proximate to information regions ion a^prerset 
medium in which the second information is 
arrayed-;3?nio--v- sjr.^a-r.; yo^r 
wherein said first digital information has the 
preset basic information and the subsidiary, 
information supplementing said basic informa- 
tion. 

32. The apparatus for processing the information as 
claimed in claim 31; wherein said first digital inform 
mation includes the sound information. 

33. The apparatus for/processing; the information as • 
claimed in;claim 31, wherein said second unforma- 
tion includes the sound information. r 

34. The apparatus for processing the information as 
claimed in any one of claim 32 or 33; wherein said 
basic information is the information of a frequency 
band lower than that of said subsidiary information. 

35. The apparatus for processing thev information as 
claimed in any one of:daim:32;or 33; wherein said 
subsidiary information is: a. requantized sample of 
the basic information. - - 

36. The apparatus for processing: the information: as 
claimed in any one oiclaims 31 to 35, wherein said 
pre-set;medium is a motion- picture filmJ^ o i? J 

37. The apparatus for processing the^informations-as 
claimed in any one of claims 31 to 35, wherein said 
pre-set medium is : a disc-shaped recording 
medium. anoo^ ^- - ; '■' ;7 ~ : 

38. The apparatus for processing the information as 
claimed in any one of claims 31 to 35- wherein said 
pre-set medium is a communication network. 

39. The apparatus for processing the information as 
claimed in claim 36, wherein said plural regions for 
said first digital information are those legions 
defined between the perforations of a motion pic- 
ture film, cr = = c n 10 ■:■ ■: 
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40. The' apparatus for processing the information as \ 
claimed in claim 36, wherein said plural regions 1 for 
said first digital information are ^iose regions 
defined between aligned perforations on both sides 

of a motion picture film. ^ ; a3 V ' ; :M : -i ?-.t{. u c:;v -5 

41. The- apparatus - for ^processing the information as 
claimed in daim 36, wherein said plural regions for 
said firsts digital information we: those regions/ 
defined between the perforations of a motion pic- 10 
ture film and an edge of said motion picture film. 1 1 : ° 

42. The apparatus for processing the information as 
claimed in claim 36, wherein said pliirafregions for - 
said first digital information : are those regions 15 
defined between the perforations of a motion pic- 
ture film and an edge of said. motion picture film and 
between the perforations: -.•* x »• *i* :> ,-• 

on. ,." r,.\ ■■■ - v.'wi \ ,;o : :».: .. ... 

43. The ; apparatus for processing ithe ; informatioh as v 20 
claimed in daim 36, wherein said basic information 
and the subsidiary information are separately 
arrayed between perforations of a row of perfora- \ 
tions and between perforations of the other row of 
perforations.; = . r .hvr^c m i.r^i r ^ or : -^crr:;> 25 

44. The (apparatus for processing . the information as:: 
claimed in daims 36; 41; 42 or 43; wherein multi-'o- 
channel sound signals are arrayed as said first dig~o 
ital information. --.7.-. -\ : 'r,-.;;^, ^■-■^0^-^30 

45. The apparatus for processing the information as 
claimed in claims 36, 41, 42, 43 or 44, wherein said 
basic information and said subsidiary information 
are the high effidency encoded information. 35 

46. The apparatus for processing the information as 
claimed in daim 45, wherein said basic information 
and the subsidiary information are time-domain or 
frequency-domain samples, variable bit allocation 40 
is performed on said time-domain and frequency- 
domain samples of plural channels and wherein the 
apportionment of total bit allocation quantity of the 

bit allocation quantity for the basic information and 
the bit allocation quantity of the subsidiary informa- 45 
tion, summed together, to the entire channels, is set 
so as to be substantially constant. 

47. The apparatus for processing the information as 
claimed in daim 45, wherein scale factors for sam- so 
pie data of said subsidiary information are found 
from the scaling factors and word lengths of sample 
data of said basic information. 

48. The apparatus for processing the information as 55 
daimed in any one of claims 45 to 47, wherein a bit 
allocation quantity to one of plural channels to 
which a bit quantity exceeding a pre-set constant 
reference quantity is allocated is resolved into a bit 



quantity portion of the basic information which is 
the bit apportionment not inducting channel bit alio 1 
cation and not exceeding said reference quantity at 
most, and a bit quantity portion corresponding to 
the difference between bit apportionment including 
channel bit allocation asbit allocation of the subsid- 
iary information and bit apportionment not including, 
channel .bit apportionment; of .said basic; informa- 
tion, ;and;hWhereinifvariable bit apportionment is; 
done to time-domain or frequency^domain samples , 
of plural channels from channel to channel. 

49. The ; apparatus tor processing' the- informatiori>as- 
claimed in^claims;45 or 48, ^wherein 'said sample 
data of bit allocation of said subsidiary information 
is given as a difference between sample data 
obtained from bit apportionment incltiding'chahnel 
bit allocation and >. sample data^ obtained 7 from * bit 
apportionment not including channel bit allocation. 

50. Therapparatus for* processing the information as 
daimed in any one of claims 45 to 49rwhereih ; the 
same quantization is carried out of sample data iri a 
small-sized block divided along time and frequency. 

51. The apparatus for processing -the information as = 
daimed in claim 50/ wherein for prodadng:sampfe ^ 
data in a;small-sized blbckdivided along tim#ahtf 
frequericy/ca preset: blocking, frequency an%sis l 
comprising carrying out ffresquency^ analyses" for t 1 
each of plural blocks consisting of plural samples is 
carried oirtduringencbding ? and pre-s^t r fr6qUency 
synthesis comprising darrying^out frajaeiicy = syn- 
thesiser- data 'processed^ with :the blockihg^fre^ ~. 
quencyanalyses is; carried dOt during debddifiglo : 

I'niUo x i i vjiinsup oan^l-yi *,$?-jia b nsn? ioo" 1.:- *■ 

52. The ap|jaratusrfor processing the" information "as - : 
daimed^ ihrdaim 50;<-wherein for producing sample ; 
data tfn;a. small-sized blockdivided 'along timenahd n 
frequency,^ a? pre-setnon-blocking frequency analy- • 
sis comprising carrying out frequency analyses is 
performed during lencbding^and wherein "preset 
non-blocking^ frequency synthesis is f performed 
data processed > with 5 pre-set ■ non-blbckirig <:fre- r 
quency. synthesis: ^ > 3 u or* ^- 0 \q rvqru^ • 

53. The apparatus for processing the information as 
daimed in daim 52, whereinrthe frequency- band- ; 
width of said non-blocking: frequency analyses is " 
selected to be broader with increasing frequency iVr 
at least the highest frequency band. r ^r » ; r: . 

54. The apparatus for .processing^ the' information as 
daimed; in daim 52 or^53; :wherein"the'4requency - 
width of said non-blocking frequency analysis is 
selected to be broader with increase in frequency in 

at least the highest frequency band. * * . r ^ v / 
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55.* The= apparatus; for processing the information :asr, 
claimed in. any one of idaims: 52to 54, wherein ; said r.-, 
blocking .i frequency ranalysis Js : modified;discrete;; 
cosioe transform/ :o 'oihr* vtijn&i.-p -y t brtf 



56. The -apparatus^ for-proc^ 

claimed in any one of claims: 52 ^to 55^ wherein the x 
block size in said blocking; frequency -i analysis is ^ 
adaptively changed depehdihgon time characteris- ' 
tics of theinput signal. :> ; o ;sia -sou oi 

57. The apparatus for processing the information as 
claimed jn odaim ; 56, ; vvherein cthe block size is 
changed independently for -each output, otat least: 
two pfrthe non-blocking frequency analysis. >o .-. 

58. The: apparatus for processing the: information ; as 
claimed in any -one of claims 46 to 57; wherein the 
sum ot k>it allocation portions forthe basic informa-o 
tion and the bit allocation portions for said subsidi- 
ary informationjbr respective channels is changed- 
depending on vthe maximum sample value or the? 
scale fadtar^$iach,channel.v ; : ^ >: r.^y^Mr.^o ok 

59. The apparatus for processing the information as 
claimed in: any one of claims^* to 58, wherein the ; 
channelrto^cljannel bit apportionment ris changed • 
with rtimevchangefc ^amplitude jinformattoncOf an? 
energy value, a peak value or a mean value of infor-, 
mation signals of eaeh channeL o \„r^' y rx on^nc^ 

60. The app^tus:for,procesang the information as^ 
claimed in c|airn;48 ( wherein said encoding means 
separates.in each sync blocka bit allocation sample 
group of •Jhejtasiejiito 

tity larger than a pre-set reference quantity for plural 
channels from the bit- allocation* sample group of the ■ 
remainingisubsidiary ;inf0rnwti0n-/,of5jhe;-bit;;allocarr l 
tion sample group of the basic infer mation ; for^plural 
channels^for recording on said pre^set medium. m u; 



to 



information of ; each channel alternately recorded, in^ 
each channel in-one: sync block arcLsaid bit alloca- 
tion sample group of:the subsidiaryiinformation. -\ r 
s-ljia r^u'J i-o ^'lOiiT^ohso rentals o.i^wi xy&'\-- 
64. The apparatus for processing th£ information as" 
claimed in claim 48, wherein said decoding means 
effects detections a channel in wtiich :the bit quan- ; 
tity larger than the pre-set reference quantity is alio- ; 
catedudependingi on.Lwhethernthe allocation bit 
quantity tO;the:Channel;iS!larger4han or equal to the 
referenc&iquantity nof; thebisubsidiary information^ 
smaller than said pre-set reference quantity. 
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The apparatus:, for processing the information ; as? 
claimed in claim 60,}wherein the bit allocation sam-: 
pie group of the basic information and thebitalloca- 
tion sample group of the subsidiary information are 
alternately recorded in each channel. 
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62. The apparatus for processing ithe, information as = 
claimediin claim 46, wherein;said decoding means 
decode and j reproduce, the bit allocation sample 
group off the basic information .for plural channels, 
and the bit allocation sample group of the subsidi- 
ary information for plural channels taken: out after 
recording on thepre-set recording medium in sepa- 
ration from each other, in one sync block; : r, :; : ■ 

63. The apparatus for processing the. information as: 
claimed in claim 46, wherein said decoding means 
decode and reproduce the bit allocation sample 
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65. A medium>in .which the firsldigital information hav- 
ing the basic informationfandjthe subsidiary infor- 
mation completing said basic information is arrayed 
in plural regions epccluding-those for ^arraying the 
second information, said basic;information and the 
subsidiary information having been encoded by the 
method for processing the informatipn as claimed in 
any one of. claimsMo 30? nkra-^v ^l, w ; v-r:: 



A medium* in which the first digital infor mation: hav- 
ing the basicfinformationrand the subsidiary infor- 
mation completing said basic information is arrayed 
in plural regions excluding those for arraying the 
second information, said£asicinformation;and the 
subsidiary information- having been -encoded by the 
apparatus for ^processings tthe ^information ; as 
claimed in any one of claims 31 to 64. 
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